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The Electrical Production of Music” 


Atan Douctas,' M.I.R.E., M.A.LE.E. 
Ericsson Telephones Ltd., Nottingham, England 


A review of the various means by which musical tones may be created electrically is given. 


JULY 1958, VOLUME 6, NUMBER 3 


The description of instruments of the keyboard type, such as the electronic organ, is followed by 
a discussion of the important elements of the musical sound, the extensions and modifications 
provided by electrical synthesis, and the resulting expansion of the resources available to the com- 
poser. A brief analysis of the characteristics of typical recent electronic musical instruments which 


elaborates on the foregoing discussion concludes the paper. 


INTRODUCTION 


LECTRONIC MUSIC may be defined as the production 
of electrical oscillations which can subsequently be 
treated so as to appear as an audible musical sound. The 
use of converting aids for conventional physical instruments, 
as for example inserting microphones into a small pipe organ 
to make it sound like a large one, does not qualify for in- 
clusion in this category. Perhaps “electronic” would be a 
better generic name for all instruments relying on electrical 
oscillations, but commercialization of the more commonly 
encountered instruments has familiarized us with what is 
meant by an electronic musical instrument. 

The object of all attempts to produce electronic instru- 
ments is the creation of acceptable tonecolors. In formu- 
lating or appraising these, there are no standards which 
can be measured in a quantitative way; one can go only 
by convention, precedent, and individual appraisement, for 
on such parameters all forms of art are based. Yet it 
would not be possible to design even the simplest instru- 
ment without invoking science. Science depends upon facts 
which can be measured and proved. The reconcilement 
of the opposing requirements of art and science is always 
difficult, and it is this situation which is responsible for 
a great deal of the controversy surrounding the use of 
electronic music producers. Even the language is differ- 
ent, because loudness is not the same thing as intensity, 
and pitch is not the same as frequency. For example, 
over 200 different adjectives have been used to describe 
its effect on the listener. Yet the performance is completely 
summed up by stating that known frequencies of known 
intensities decay to a known amplitude in a specific time. 

The present state of the art is divided into several sec- 


* The original version was delivered under the Cramb Music Lec- 
tureship of the University of Glasgow, March 5 and 6, 1958. 
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tions: (1) the organesque instruments, with standard cla- 
viers and intended to replace conventional pipe organs. 
(2) Similar instruments, sometimes capable of playing only 
one note at a time, but also employing a keyboard. (3) A 
class of instruments designed for research into temperament 
and scaling, capable of producing both conventional and 
new tonecolors, and (4) instruments on which not only tone- 
colors but musical forms and compositions may be synthe- 
sized by a coding system.! 

Let us look at what is necessary to form a musical sound: 
. Pitch or frequency 
. Duration or time for sounding 
. A loudness level, not necessarily fixed 
. A way in which the sound starts and another way 

in which it decays. 

In addition, there may be 
5. harmonics or partials, often changing during the 
sounding time 
6. vibrato or tremolo 
7. noise, due to the method of generation. 
There may also be reverberation or even echo. 

The quantity of each of the foregoing constituents can of 
course be varied to an infinite extent, but if any one part 
is missing, then no matter how accurate the remainder may 
be, the effect will sound unreal. This is, of course, because 
by long usage and familiarity with conventionally produced 
sounds we expect all others to have similar characteristics. 
The ear is, in fact, conditioned to receive sounds in a par- 
ticular way; any appreciable deviation from this way in- 
duces subconscious irritation of the auditory nervous system. 


wh = 


1R. H. Dorf, Electronic Musical Instruments, (Radio Magazines, 
Inc., New York, 1954). 

A. Douglas. The Electronic Musical Instrument Manual, (Pitman 
Publishing Corp., New York), 3rd ed. 
, The Electrical Production on Music, (Philosophical. Library, 
New York, 1957). 
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But each constituent does not have an equal bearing on the 
result. The most important attributes are the harmonic 
content and the rate of attack or tonal initiation. While the 
harmonic components do, in general, determine the character 
of a musical sound, it is now appreciated that the attack is 
more important. Without regard to any particular tone 
quality, the majority of musical sounds can be synthesized 
from a sawtooth waveform. In such a wave, all the har- 
monics 6f the fundamental are present and in correct pro- 
portions. The waveform from a piano, guitar or harp is 
very like a sawtooth although it is not quite linear. It is 
characteristically percussive. The record of a guitar with 
piano accompaniment will be recognizable after playing a 
few bars. But if the record is reversed, it sounds quite 
different. This is because we have exchanged the attack 
and decay. Even the melody disappears. 

I shall first consider keyboard instruments of the organ 
and entertainment type. Subsequently, I will deal with the 
more interesting, but less familiar instruments for new 
music, electro-mechanical synthesis and adjustment of tem- 
perament. 


KEYBOARD INSTRUMENTS 


Since 1837, when C. E. J. Delezenne used a toothed iron 
wheel rotating in front of a magnet, over which was wound 
a coil of wire, many abortive attempts have been made. 
Even Lee de Forest experimented unsuccessfully with a 
valve oscillator organ in 1915, and in 1928 Oskar Vierling 
devised a full scale organ, using neon tubes as oscillators. 
But the technique of tone forming was not understood, and 
many generating systems were attempted, until by 1934, 
the major methods for generating musical sounds had be- 
come firmly established. 

For instruments of the organ type, the following alterna- 
tives are available: 


1. Oscillating valves or gas tubes 

2. Rotating electromagnetic generators 
3. Rotating electrostatic generators 

4. Vibrating reed generators 

5. Photoelectric generators 


Many factors, apart from the ability to produce new 
sounds, justify the production of electronic organs. They 
are compact, clean, accessible for servicing and easy to in- 
stall. Full tropicalization of components is possible. The 
tonal content, balance or voicing can be altered on site, and 
the conversion efficiency is high. Because of their com- 
pactness and relatively small cost, a new market has been 
opened, in the form of domestic sales, which in the United 
States alone, amounted to more than six million dollars in 
1956. 


While there are five different methods of generating musi- 
cal sounds, it is found that photoelectric generators are 
difficult, and vibrating reeds have a limited performance. 
Therefore, all instruments laying claim to good musical 
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quality, with versatility in toneforming, use one of the three 
remaining systems. 


However, none of the above methods provide a ready 
formed tone quality. Rather, they are suppliers of the 
waveforms from which tonecolors may be formed by some 
subsequent electrical circuit arrangement. Here we en- 
counter two schools of thought, an auditive system, based 
on Helmholtz’ and Fourier’s contention that a complex tone 
may be built up from a fundamental or pitch note, plus 
added harmonics; and a subtractive system, based on for- 
mant theory and applied either by subtracting frequencies 
not required from an initially complex waveform, or by 
accenting certain bands of frequencies within each wave- 
form. 


Thus there are two ways in which final tonecolors can be 
produced. Which is best? The answer is really determined 
by our old bogey, the equally tempered scale, which is a 
necessary evil so long as standard keyboards must be used. 
If all the generators, assuming one for each note, are tuned 
to the intervals of the E.T. scale, then when we try to add 
harmonics to a pitch note, we find that beyond the 5th or 
6th there are serious discrepancies in frequencies, because 
of the E.T. scaling. Synthesis of complex tones using more 
than 4 or 5 harmonics becomes impossible, and the powers 
of the instrument are very limited. If the generators were 
to produce a complex wave of sawtooth form for every note, 
then the harmonics related to that note would all be in 
tune. It may be possible to have extra generators for an 
additive system, to supply certain harmonics tuned to the 
correct frequencies, but this adds to the complication. To 
summarize, for an additive system the individual pitch gen- 
erators must be very accurate and perfectly in tune, whereas 
in a subtractive system the tuning need not be quite so 
good since all the harmonics will follow the pitch of the 
fundamental note exactly. Therefore, additive organs are 
usually constructed with mechanical driving systems, while 
valve generators are preferred for subtractive organs. 

A great many organs are in production in America, 
Britain and Germany. In Britain, the Compton Electrone 
employs rotating electrostatic generators, on the stationary 
part of which waveforms are printed by etched circuit tech- 
niques. Twelve rotors are driven by a belt passing over 
pulleys of the correct diameters, to give the intervals of the 
octave. The method is partly additive synthesis and partly 
direct pickup of preformed tones. Then there is the Miller 
organ, sometimes known as the Constant Martin, which is 
a free phase valve oscillator instrument, with independently 
tuned generators. Very comprehensive toneforming circuits 
are employed, which allow of a true additive effect when 
stops are combined. 

The only example of an additive valve organ is the Ger- 
man AWB, which makes use of frequency division. These 
circuits are constructed so as to deliver pure sine waves, 
which are a necessity for additive mixing. While there is 
a rather brilliant overall tonal spectrum, the synthesis in 
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the AWB is only good for flutes and diapasons, since this 
synthesis is derived from E.T. harmonics. 

The American Baldwin organ is an outstanding small- 
scale instrument, and is the result of some 13 years’ re- 
search. Apart from the Baldwin, the only really fine valve 
organ in the U. S. is the Allen. This is unique in that there 
is a separate toneforming element for each note, enabling 
a stop to be voiced over the whole compass in any way de- 
sired. The now discontinued Novachord has 73 notes on 
a piano type keyboard, obtained by frequency division from 
12 master oscillators. The Hammond organ has excited 
more controversy than any other electronic musical instru- 
ment, for while it is played like a pipe organ, it is not made 
in imitation of one, but is a new musical instrument with a 
voice of its own. 

A comparison of the characteristics of electronic genera- 
tors with those of pipes may be of interest at this point: 

1. The pipe is scaled and voiced to provide the required 
degree of loudness and harmonic content and is therefore a 
complete tone generator in itself. Since all pipes depend 
on resonance and sufficient power must be available to ex- 
cite the tube, there is a large noise content, which is due 
to excess pressure over that required to maintain the coupled 
system in vibration and which is unavoidable. 

In an electronic system, the waveform used to represent 
the pipe tone is extremely small in amplitude and can only 
be heard by the aid of amplification. This introduces colora- 
tion according to the degree of power. There is no noise 
and this causes the sound to seem even more smooth. 

2. Due to the inertia of static wind in the foot of the 
pipe. there is friction at the walls of the passage admitting 
wind from the pallet to the foothole, and vibrations start 
at the lip of the pipe before the air column in the resonator 
is fully set in motion. Thus a false note may sound for an 
instant, and the pipe will not be able to speak instantly. 

An electronic oscillator can produce a signal instantly. 
However, no one can foretell at which part of a wave key- 
ing will take place, and it can be silent at only one point 
in the wave. All other positions will produce a transient, 
heard as a click. 

3. Expression is obtained from pipes by enclosing them 
in a swell box, which does not treat all frequencies equally. 
It only attenuates the upper notes and the bass is little 
affected. Hence, the typical “fiery” sound when full swell 
is released. 

This effect cannot be realized with electronic generators, 
and much of the live effect of swell shutters is lost. 

4. No loudspeaking system can economically produce 
anything like the power in the extreme bass of pipe organs. 
Electronic organs are therefore confined to modest tonal 
schemes. 

5. Organ pipes are subject to irreversible changes in pitch 
with changes in temperature, so that they must be retuned 
periodically. A well-designed valve oscillator system will 
remain in tune for at least a year, and mechanically driven 
generators stay in tune for the whole of their life. 


6. Pipe organs should last 20 to 50 years. While loud- 
speakers will not last anything like as long, good quality 
valves today have a life of 5000 to 10 000 hours of playing. 

7. Pipe organs have separate pipes for different tone 
qualities, and adding stops does not affect the sound from 
those already in use. In electronic instruments, the tones 
formed by one electrical filter may be quite seriously de- 
graded when other filters are connected to the same tone 
source. 

8. Pipe organs are only understood by organ builders. 
An electronic organ can be serviced and repaired by a good 
radio or television engineer. 

It is evident, then, that in the present state of the art, 
there are certain advantages and certain defects in elec- 
tronic organs. It is reasonable to assume they will improve 
as time goes on. One must remember that pipe organs have 
been under development for hundreds of years, whereas 
there is no electronic instrument even 30 years old. 


THE ELECTRICAL SYNTHESIS OF MUSIC 


Concurrently with the solution of the basic electrical and 
engineering problems in the organ field, an examination of 
other problems in the sphere of musical sound production 
has been undertaken. These involve: 

1. The creation of “new” tonecolors. 

2. The design of instruments having infinite pitch in- 

crements. 
. Investigations into tuning, temperament and scaling. 

4. Artificial reverberation, phase modulation and the 
use of noise. 

5. Synthesis of orchestral or other complex combina- 
tions of tone sources. 

As mentioned above, the kind of attack or start to the 
sound was a most important characteristic. Whilst this is 
only true to an approximate extent for the organ-like in- 
struments, it is vitally important for orchestral tone colors. 
In a conventional instrument, the oboe for example, there 
is very little latitude in the way it can be made to voice, 
because of the almost fixed properties of the reed. We rec- 
ognize the characteristic sound quality at once. But if an 
electrical equivalent of oboe tone could be made, it might 
be possible to apply all kinds of attack rates. If, in addi- 
tion, the sound could be extended in pitch higher or lower 
than the known compass of the instrument, some quite new 
effects might be made available. They would not sound 
at all like an oboe, and this is really because we do not 
expect sounds of this nature. This applies to every con- 
ventional orchestra instrument, because all of them are 
limited as to pitch range and power range. 

A careful analysis of the sounds of orchestral instruments 
reveals that the harmonic content over the compass is very 
uneven, under even the most carefully controlled conditions. 
Although the vibrating properties of the air column in the 
tube of an oboe are varied by altering the length of the 
tube, the diameter remains the same. Thus, the proportions 
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of high to low harmonics will greatly change over the pitch 
range, and this can be heard clearly. Electrically, such 
sounds can be made to have a more uniform harmonic con- 
tent. Only by electrical means can the relative strength of 
the different harmonics be altered at any moment, even 
whilst playing. By such means, some remarkable effects 
can be obtained. 

Percussions are not normally considered as musical sounds 
of any great usefulness, unless they are of the kinds typified 
by the glockenspiel, xylophone, etc. But by electronic 
means, it is possible enormously to extend the range of use- 
ful musical percussions. 

Noise is inherent to the forces stimulating the vibratile 
parts of the orchestral instrument. It is generally agreed 
that if the noise is near to the tone range, it is agreeable, 
but if it is separated by some octaves from the tone range, 
it is unpleasant. However, some entirely new effects are 
possible by taking noise from a noise generator and coloring 
this with musical tones. 


Fic. 1. The standard Trautonium. 


By electrical means, we can indeed simulate all known 
orchestral sounds and produce a great many new ones. 
Now, how is this done? 


The Trautonium 


Towards the end of 1928, Dr. F. Trautwein of Dussel- 
dorf? designed a musical instrument of continuously vari- 
able pitch. Since it could therefore be tuned to any tem- 
perament, he called it the Trautonium, Fig. 1. This in- 
strument makes use of gas tube sawtooth oscillators. 

Two claviers are mounted, one above the other in the 
manner of a 2 manual organ, and only one note at a time 


2 British Patents 380470, 403365. 


German Patent 469775. 


Fig. 2. Diagrammatic sketch of the Trautonium key construc- 
tion (ef. text). ; 


may be played on each of these. But they do not have 
keys. Each unit (see Fig. 2) consists of an elliptical strip 
A of insulating material of oval section, with a helical groove 
around it from one end to the other. In this groove is 
wound a spirally twisted length of nickel-chrome resistance 
wire, B. This is the grid bias resistor of the thyratron. 
Immediately above the wire is stretched a long thin strip 
of silver-plated beryllium copper, C, which in its turn is 
enclosed in an elliptical tube of springy wire gauze, D. 
The gauze is covered with a flexible insulating material. 
If the tube is depressed at any point, the silver strip touches 
the wire spiral and the oscillator produces a frequency de- 
pendent on the point of touching the spiral. The wire is 
skewed so that, by careful manipulation, gliding tones can 
be produced. A number of dummy keys are mounted above 
the tubes, to indicate the position of the normal intervals 
of the octave, but of course the real beauty of the instru- 
ment is that it has no tuning. Therefore, by selection, any 
note of any pitch over its compass of 312 octaves, can be 
played in any temperament or scale relationship. In a re- 
cent modification by Oskar Sala,® Fig. 3, frequency di- 
viders are fitted to supply sub-octaves and various sub- 
harmonics. This is possible because the sawtooth wave 
already contains the fundamental and all the upper har- 
monics. 


Fig. 3. Oskar Sala at the concert Trautonium, 


3 Technische Hausmitteilungen Nordwest-deutscher Rundfunk, Vol. 
6, 1954. 
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OF TAPE LENGTH) s 
Fig. 4. One example of electronic music notation (cf. text). 


Now, from a sawtooth wave, all kinds of tonecolors can 
be formed by switching various electrical circuits. In the 
Trautonium, a great many controls are provided for tone- 
forming. A noise generator is an integral part of the device, 
and both noise and tone signals may be passed into electri- 
cal percussive circuits, to form sounds with varying rates 
of attack and decay. Of course, normal, steady tones can 
be produced as well. 


A very ingenious feature is the touch-sensitive device. 
The whole of the grid resistor and its enveloping wire gauze 
cylinder is hinged on a pivot, E; all of it resting on a small 
rubber tube F extending the full length of the clavier. This 
tube contains a liquid resistance, and when the silver strip 
is depressed, slight further pressure squeezes the liquid re- 
sistance tube and compresses the fluid. This permits elec- 
trical conductivity and the device speaks. One can strike 
the tube a sharp blow, yet the wire gauze is sufficiently 
springy to recover instantly. 

While one or more Trautoniums have been used with an 
orchestra to perform standard works, much new music has 
been specially written for it. A percussion study, the 
Scherzo Etude, was composed and played on this instru- 
ment by Oskar Sala. This must be the first time a per- 
cussion instrument has run from above audibility right 
down to 40 cycles per second without a break. The Etude 
demonstrates some steady state tones, with slow start and 
decay characteristics, as well as magnetic reverberation. 


A single Trautonium is limited to two notes at any one 
instant, although with the frequency dividers, at least four 
octaves can be played simultaneously. A whole orchestra 
might well be simulated, and in fact, most elaborate ar- 
rangements are in use at the Cologne School of Music Re- 
search to produce just this effect. 


The usual concept of orchestral scoring is that parts are 
written for specific instruments, whilst the overall control 
is exercised by a conductor, who regulates the tempo and 
indicates how and at what times the different sections shall 
develop expression or some other characteristic of the music. 

In the electronic system, individual players each have a 
Trautonium, but the score presents a very different appear- 
ance, Fig. 4, because they are only concerned with generat- 
ing a specific frequency for a known length of time and 
over some range of loudness. 

The upper stave has ten lines marked 20 to 100 from 
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the bottom upwards. This represents the frequency in 
cycles per second and is read as being multiplied by 10. 
Instead of a key signature, there is another multiplying 
factor, e.g. 2, indicating that the frequency is played one 
octave higher. Loudness is indicated on the lower stave, 
which is marked in steps of 5 decibels per line. Other in- 
structions may be written between the lines, e.g., a dropping 
dashed line shows the use of artificial reverberation. The 
most difficult thing to master is the tempo, for on this de- 
pends the duration of the note. It is related to a magnetic 
tape speed of 66.2 cm/sec, so that the length of the bars 
is in fact very short, of the order of a quaver. Since the 
exact tempo is supplied by the electronic metronome, each 
player can, with practice, exactly synchronize his perform- 
ance with the others. 

The player has only to supply a frequency, because this 
frequency or pitch note appears as a sawtooth waveform 
and therefore any toneforming operations can be performed 
on it. We then find a “mixer”, whose office is very like 
like that of a conductor. He takes in the various pitch 
notes, and by manipulation of his many controls, turns the 
signals from the various performers into both new and con- 
ventional tone qualities. Thus, pitch and to some extent 
expression, are given to each part by the individual players. 
Final tone qualities, vibrato, percussion, noise, artificial 
reverberation and further expression are contributed by 
the mixer. His technical skill is very great. 

It is quite possible for a few Trautoniums to play to- 
gether, using their own toneforming devices,-in the manner 
of a string quartet.* 

The structure of this type of specially composed music 
is quite simple, but so many new effects or variations of 
known ones make it difficult to follow on a first hearing. 
Rather than attempting to analyze the music, just listening 
to the many different combinations of sounds may be more 
rewarding on initial acquaintance with this new kind of 
music. 

It is clear that instruments of this type offer help and 
encouragement to the modern composer, who can extend 
his pitch, power, expression and harmonic range far beyond 
the capabilities of conventional orchestral instruments; and 
at the same time, abolish all the noises of tonal initiation 
such as key thumps, scraping of bows and escape of surplus 
wind. 

Much new music has been written for this medium and 
broadcasts are frequently given from Cologne and Radio 
Bremen. 


Other Electronic Instruments 


Another instrument in use at Cologne, the Bode Melo- 
chord, Fig. 5, is a keyboard valve oscillator device, with a 
compass of 41 notes. The tonal intervals are thus fixed, 
but the apparatus for synthesizing sounds is most compre- 
hensive and every conceivable kind of sound can be pro- 
duced. The Melochord is mainly used for research on 
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THE ELECTRICAL PRODUCTION OF MUSIC 


Fic. 5. Left to right: Bode Melochord, the mixer’s console, and 
the double generator Trautonium at the studios of Radio Cologne. 


conventional instruments on a comparison basis, or for in- 
troducing new kinds of sound into conventional orchestras. 
Full chords can be played on this instrument. 

Some further research has been done by Martenot* on 
instruments designed to play one note at a time but intended 
to be sensitive to pitch and loudness. This he accomplished 
by using conventional keys which can move in more than 
one plane. For example, varying pressure can increase or de- 
crease loudness, and oscillation from side to side can pro- 
duce a vibrato. Great depth of expression can be given to 
music so interpreted, and further changes in the basic pitch 
may be obtained if the keys are made so that they can 
slide back as well. This movement alters the basic pitch 
in a sensitive manner, that is, by changing the frequency 
of a beat-frequency oscillator. 

This device did not have any means of altering the tonal 
content of the sound in a manner corresponding with that 
used by orchestral players, but an invention by H. Le Caine 
at the National Research Council of Canada enables some 
control to be exercised by the left hand of the performer. 

A disc, made up of several insulated segments of resist- 
ance card material, is supplied with a different waveform 
to each segment. A smaller disc, faced with conductive 
felt, can be moved over the segments, thus coupling the 
signals from one part to another in many possible ways. 
Thus, it is possible to simulate the start of a tone, the 
change in harmonic content during scunding, and its loud- 
ness or amplitude. 

One of the earliest investigators who recognized the im- 
portance of these facilities was Leo Theremin.® 

All of the foregoing methods and techniques require the 


4+French Patent 666807. U. S. Patent 1,853,630. 


* British Patent 
1,661,058. 


244133, French Patent 612433, U. S. Patent 
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services of a skilled composer and executant. It is there- 
fore understandable that they are of the greatest interest 
to serious students of musical research and to composers. 
Unless recorded, there is no permanent record of perform- 
ance, and in the case of many instruments playing simul- 
taneously, there is no means to guarantee perfect synchroni- 
zation—if that should be desirable. 


The RCA Synthesizer 


A different approach has been adopted by Dr. H. Olson 
at the Princeton Laboratories of RCA in devising his speech 
and music synthesizer. A complete description of this ap- 
paratus was published in the Journal of the Acoustical 
Society of America for May, 1955. 

In the RCA system, a perforated paper roll® supplies the 
fundamental information. The roll is driven like a motion 
picture film and is coupled to a disc recorder. One section 
of the roll is perforated to cover pitch or frequency, another 
section for duration, and so on for the separate character- 
istics required to produce a musical sound. Contacts under 
the roll energize the necessary oscillators and other devices 
to produce and control the musical parameters. There is 
also a glissando or portamento generator to secure stepless 
change in frequency. 

Since two channels only exist in the synthesizer, re- 
recording is necessary, and some quite complex examples of 


(Continued on Page 153) 
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Fig. 6. Punched paper record from the Olson synthesizer. 


6A simplified version of a synthesizer using a paper roll was 
invented in 1930 by Coupleux and Givelet in France, (U. S. Patent 
1,957,392). 
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Latest Advances in Extra Fine Groove Recording” 


JULY 1958, VOLUME 6, NUMBER 3 


Peter C. GotpMARKt 


CBS Laboratories, Stamford, Connecticut 


Since the development of the seven-inch 1634 rpm extra fine groove record, further investiga- 


tions have been carried out in this field. It has been found possible to double the amount of 
spoken word information that could be stored on that size record. 
Some of the underlying theories will be presented and demonstrations will show how near the 


theoretical limit current results are. 


Significant portions of this work have been carried out under the auspices of the American 


Foundation for the Blind. 


INCE THE end of 1945 the CBS Laboratories’ work in 
the recording field has been chiefly concentrated towards 
increasing the amount of information that can be recorded 
per unit area. With the development of the long playing 
record, an improvement in quality over the previous record, 
the now more or less defunct 78 rpm, has also been brought 
about. In the subsequent records, such as the 16 rpm 7- 
inch extra fine groove record, no improvements in quality 
over the LP record were attempted. A new record develop- 
ment reported here is directed primarily toward a field dif- 
ferent from music, though not necessarily excluded from it. 
The wavelength A traced at any given point of the record 
is V/f; where V is the linear velocity and f is the frequency 
of the recorded signal. For proper reproduction tracing 
distortion has to be a minimum; thus the effective radius 
of the reproducing stylus should be no bigger than the 
smallest radius of the recorded wave. 

The effective radius is approximately r/N 2, where r is 
the stylus tip radius, and the minimum radius of curvature 
of a sine wave is A*/4z°D, where D represents the peak-to- 
peak displacement of the groove.’* 

Thus to minimize tracing distortion, 


2477 24) 9’ 
ys EL on. Eg (1) 
4x*D 4° f?D 
If the cutting stylus has a perfect point and perfectly 


* Original version delivered before the Ninth Annual Convention of 
the Audio Engineering Society, New York, October 8, 1957. 

t President and Director of Research. 

1P. C. Goldmark, R. Snepvangers and W. S. Bachman, “The Co- 
lumbia Long-Playing Microgroove Recording System,” Proceedings 
of the 1.R.E., Vol. 37, August, 1949. 

=P. C. Goldmark, “Highway Hi-Fi,” Audio, Vol. 39, December, 
1955. 
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sharp edges, one can record any frequency— including video 
—provided the reproducing stylus tip is small enough or 
the recording amplitude is low enough. 

In order to establish the maximum density at which in- 
formation can be stored on a record, certain practical 
limitations have to be taken into account. 

The cutting stylus will rarely come to a perfect point; 
thus the bottom of the resultant groove will have a finite 
radius. The reproducing stylus tip radius must be of finite 
size in order to avoid scraping the bottom of the groove, 
which, as pointed out above, does have a finite radius. 
Also, since the stylus force cannot be infinitely small, there 
again has to be a lower limit to the radius of the stylus tip: 
otherwise the record groove would be deformed if the walls 
could not support the stylus. 

Practical records and reproducers were made with essen- 
tially the same performance characteristics as found on the 
inside of LP records, using reproducing needles of 0.00025- 
inch radius at 2 grams force with a linear velocity of 3.5 ips 
at the inside of the record with 550 lines per inch. 

Let us now apply Eq. 1 to four different records and find 
the maximum value of groove modulation at which the 
stylus tip effective radius equals the smallest radius of the 
recorded wave at frequency f. Solving (1) for D, 


a iok all (2) 


Assuming for all four records that f = 10,000 cycles and V 
will be the linear velocity of the innermost grooves on the 
record, the following values for D will result (Table I). 

The values for D (groove modulation) in the table are 
the measure of performance in the various records when 
using the same frequency f. 

In order to maintain constant signal-to-noise ratio on all 
records, the deviations in modulation value of the various 
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TasLe I. Maximum values of groove modulation for various types of 
records. f — 10,000 eps. 


XXLP (8.3 rpm)* 0.25 


Playing Groove D 
Reeord r (mils) V (ips)  time/side /inch (inches) 
78 rpm 3 16.3 4 min 80 3.1 x 10° 
LP (33.3 rpm) 1 9.6 25minaver- 230 3.2 x 10* 
age 
XLP (16.6 rpm) 0.25 3.5 musie: 45min 550 1.7 xX 10* 
speech: 1 hr 


music: 14%, hr 600 0.43 x 10° 


XXLP(8.3rpm) 0.25 1.75 
1.75 speech: 2hr 600 17 X 10° 


* f = 5,000 eyeles. 


records have to be compensated for by decreased noise 
figures.* 

In the case of the XLP records (for the Automobile 
Phonograph) this is accomplished partially by the reduced 
linear speed and partly by pickup design. Thus the 7-inch 
XLP record turning at 16.6 rpm is capable of giving a per- 
formance equal to that of the LP record when carrying 
twice as much playing time as the latter. 


3 Tests have shown that when reducing record speed from 33 rpm 
to 16 rpm the average surface noise will be decreased by 4 db. Going 
from 16 rpm to 8 rpm, the surface noise is reduced by another 3 db. 
These tests were made at a constant groove diameter. 


For speech, the XXLP record turning at 8.3 rpm permits 
the same amount of groove amplitude as the XLP record, 
but is limited to one half of its upper frequency. But for 
speech, 5000 cycles maximum frequency will give adequate 
reproduction. 

Development of the 8 rpm fine groove record was carried 
out under the sponsorship of the American Foundation for 
the Blind, whose efforts in this field were supported by the 
Library of Congress. The primary purpose for the develop- 
ment of this new record was to investigate the possibility 
of providing maximum listening time per record to the 
blind. A single 8 rpm record of 7-inch diameter provides 
4 hours of speech; the 12-inch diameter about 10 hours. 

The tone arm used to reproduce these records is the same 
as the one used on the Automobile Phonographs. With a 
stylus force of 2 grams, it is able to track the extra fine 
grooves reliably, even in the presence of shock and vibra- 
tion. In addition, it is almost impossible to scratch the 
records when using this type of tone arm, which is of special 
importance to the blind users. 

During the development work just described, the pains- 
taking and enthusiastic assistance of Thomas A. Broderick 
and Wilbur W. Clade of the CBS Laboratories’ staff is 
gratefully acknowledged. 


(Continued from Page 151) 
small bands and orchestras have successfully been synthe- 
sized. 

One obvious merit of the RCA device is that a composer 
could go along and without recourse to particular tonecolors, 
punch the parts for a new composition and play them back 
at once. Thus, he could alter the harmony, tempo, etc. to 
his satisfaction without having to employ a single live 
musician. Eventually his complete work could be set up 
on the machine and played, when recorded exnies could be 
distributed. 


CONCLUSION 


Clearly, then, electronic musical instruments need not 
be confined to the familiar organs for entertainment or 
serious music. Tubes, transistors and circuit components 
have reached a stage where their stability far exceeds that 
of any conventional wind or string instrument. As a re- 
search tool, electronic music generators can help the maker 
of traditional musical instruments to overcome some of his 
limitations and difficulties, and many quite new kinds of 
sounds may be evoked. As a medium for performing, in- 
struments which are difficult to play, such as the French 
Horn, can be synthesized and played with no physical effort 
or uncertainty from a keyboard. Using a stepless system 
like the Trautonium, the number of new effects is limitless. 
Many further developments will take place, for art always 
reflects the spirit of the age in which it was born. Elec- 
tronic music is only on the threshold of a future pregnant 
with untold possibilities. 
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Musical Composition with a High-Speed Digital Computer* 


L. A. Hriyer, Jr.t anp L. M. Isaacson? 


University of Illinois, Urbana, Illinois 


A technique has been developed for writing music by means of automatic high speed digital 
computers such as the ILLIAC, located at the University of Illinois. Random integers, considered 
the equivalent of musical notes, are first generated and then screened by mathematical operations 
which express the rules of composition. The control over the musical output is limited solely by 
the input instructions, and factors not specifically accounted for are left entirely to chance. Studies 
of the problems of strict counterpoint, of certain modern compositional procedures such as dis- 
sonant chromatic writing and tone-row generation, and of writing music by more abstract pro- 
cedures based upon certain techniques of probability theory have been carried out. The results 
of these experiments have been collected into a four-movement transcription for string quartet 


entitled the “Illiac Suite.” 


INTRODUCTION 


RELATIVELY NEW application of automatic high- 

speed digital computers involves the treatment of non- 
numerical information. The solution by computers of many 
complex scientific problems and the processing of business 
routines are becoming widely accepted practices, but appli- 
cations to more remote fields are still considered rather 
exotic enterprises. Programming computers to play games 
and to effect the machine translation of foreign languages 
such as Russian may be cited, however, as typical illustra- 
tions of this new trend. 

Sooner or later the question was bound to arise as to 
whether digital computers might assume a useful role in the 
creative arts. Of the various arts, music can be singled out 
as a practical medium for this type of experimentation since 
in music, meaning and coherence are achieved by more 
purely formal procedures than usually apply in either the 
graphic or literary arts. Moreover, the process of musical 
composition itself has been described by many writers as 
involving a series of choices of musical elements from an 
essentially limitless variety of musical raw materials. The 
act of composing, therefore, can be thought of as the ex- 
traction of order out of a chaotic environment, and it can 
be studied at least semi-quantitatively by applying certain 
general principles of “information theory.” In this theory, 
the information contained in a message is characterized as 
being directly dependent on the number of available choices. 
These choices usually involve the successive selection of 


* Original Version delivered at the Ninth Annual Convention of the 
Audio Engineering Society, New York, October 9, 1957. 

+ Assistant Professor of Chemistry. 

+ Now with the Standard Oil Co. of Calif., San Francisco. 
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discrete symbols such as letters of the alphabet or musical 
notes of a melody. In general, the more freedom we have 
to choose notes or intervals to build up a musical composi- 
tion, the greater number of possible compositions we might 
be able to produce in the particular musical medium being 
utilized. Conversely, if the number of restrictions is great, 
the number of possible compositions is reduced. As an ini- 
tial working premise, it is suggested that successful musical 
compositions as a general rule are rather centrally placed 
between the extremes of order and disorder, and that styl- 
istic differences depend to a considerable extent upon fluc- 
tuations relative to these two poles. 

With these thoughts in mind, we started in September, 
1955, an investigation of techniques to enable the ILLIAC, 
the computer located at the University of Illinois, to generate 
various characteristic species of music subject only to gen- 
eral instructions derived either from well established logical 
rules of composition or alternatively from more arbitrary 
and experimental speculative procedures based upon a theo- 
retical extension of traditional concepts of musical structure. 
This latter procedure was explored because the results of 
our experimentation soon led to the asking of fundamental 
questions about the essential nature of music and of how 
important musical concepts might be restated in mathemati- 
cal terms suitable for translation into computer language. 
Computers are ideal instruments for a purely abstract and 
unbiased study of musical concepts since the control over 
the musical output is limited solely by the input instruc- 
tions. Because of the way the problem is handled in the 
computer, factors not specifically accounted for in the input 
instructions are left entirely to chance. 


By April, 1956, we were able to transcribe our results to 
that date into the first three movements of a suite for string 
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MUSICAL COMPOSITION WITH A HIGH-SPEED DIGITAL COMPUTER 


quartet which we entitled the /iliac Suite, the choice of a 
string quartet medium being a practical solution to the prob- 
lem of obtaining performance for the suite. In August, 
1956, this part of the suite was played and recorded at a 
concert at the University of Illinois. In September, 1956, 
a first account of this work was given at the 11th National 
Meeting of the Association for Computing Machinery at 
Los Angeles. Not long thereafter, a fourth and final move- 
ment was added to the suite to complete a chronological 
record of experiments carried out during the course of a 
year and a half. When the experimental results were trans- 
cribed as playable music, the movements of the suite were 
set up to correspond to the four principal sets of experiments 
described. Moreover, the musical content of each movement 
was obtained by means of unbiased sampling procedures 
so that the most representative sets of experimental results 
were included in the suite. In May, 1957, the score of the 
Jlliac Suite was published by New Music Edition, 250 West 
57th Street, New York City, thus making the music gener- 
ally available. This work, to our best knowledge, repre- 
sents the most extensive investigation to date of methods 
for generating computer music. Other published experi- 
ments in this field'** relate to the generation of simple 
melodies only. 


OUTLINE OF EXPERIMENTS 


Our first objective was to demonstrate that technical 
musical concepts could be translated into computer language 
to produce musical output. We applied certain basic rules of 
strict counterpoint, a well-known compositional procedure, 
to set up an initial test situation. By doing so, we were 
able to proceed rapidly toward the computer generation of 
reasonably complex musical textures, while utilizing basi- 
cally musical concepts to produce a computer output imme- 
diately recognizable as resulting from the application of 
these concepts. 

It is perhaps desirable to digress momentarily to define 
strict counterpoint. Historically, a unique and significant 
development in Western art, music was the discovery of 
polyphony, the art of combining independent melodic lines 
into a closely interwoven musical texture. Polyphony ap- 
parently dates back only to about 800 A.D. since as far as 
we know, the civilizations of antiquity employed only homo- 
phonic music, excepting perhaps some elementary parallel 
octave writing. The great peak of purely contrapuntal 
writing occurred in the sixteenth century in the works of 
composers such as Josquin des Pres and Palestrina, who 
codified the trends of several previous centuries into a highly 
organized consonant style of writing. This compositional 
technique has since become a fundamental discipline in the 
teaching of music theory because it represents a highly 


1R. C. Pinkerton, Scientific American, 194, No. 2, 77 (1956). 
-“Syncopation by Automation,” Data from Electrodata, August 
1956, (Electrodata Division of Burroughs Corp., Pasadena, Calif.). 


3F. P. Brooks, Jr., et al., IRE Transactions on Electronic Com- 
puters, EC 6, 175 (1957). 


TasLe I. ‘‘Illiae Suite’’ Experiments Summarized. 


Experiment One: Monody, two-part and four-part writing 
Only a limited selection of first species counterpoint rules for 
controlling the musical output. 
(a) Monody: cantus firmi 3 to 12 notes in length 
(b) Two-part cantus firmus settings 
(c) Four-part cantus firmus settings 


Experiment Two: Four-part first species counterpoint 

Counterpoint rules were added successively to random white-note 

music as follows: 

(a) Random white-note music 

(b) Skip-stepwise rule; no more than one successive repeat 

(ec) Opening C chord; cantus firmus begins and ends on C; ca- 
dence on C; B-F tritone only in VII, chord; tritone resolves 
to C-E except leading into cadence 

(d) Octave range rule 

(e) Consonant harmonies only except for : chords 


(f) Dissonant melodic intervals (seconds, sevenths, tritones) 
forbidden 

(g) No parallel unisons, octaves, fifths 

(h) No parallel fourths; no . chords, no repeat of climax in 
highest voice 

Experiment Three: Experimental music 
Rhythm, dynamics, playing instructions and simple chromatic 
writing. 

(a) Basie rhythm, dynamics and playing instructions code 

(b) Random chromatic music 

(ce) Random chromatic music combined with modified rhythm, 
dynamics and playing instructions code 

(d) Chromatic musie controlled by an octave range rule, a tri- 
tone resolution rule and a skip-stepwise rule 

(e) Controlled chromatic music combined with modified rhythm, 
dynamies and playing instructions code 

(f) Interval rows, tone rows and restricted tone rows 

Experiment Four: ‘* Markoff chain’’ music 

(a) Variation of zeroth-order harmonie probability function 
from complete tonal restriction to ‘‘average’’ distribution 

(b) Variation of zeroth-order harmonic probability function 
from random to ‘‘average’’ distribution 

(ec) Zeroth-order harmonic and proximity probability functions 
and functions combined additively 

(d) First-order harmonie and proximity probability functions 
and funetions combined additively 

(e) Zeroth-order harmonic and proximity functions on strong 
and weak beats, respectively, and vice-versa 

(f) First-order harmonic and proximity functions on strong and 
weak beats, respectively, and vice-versa 

(g) i**-order harmonic function on strong beats, first-order prox- 
imity function on weak beats; extended cadence; simple 
closed form 


logical abstraction of many basic problems of musical com- 
position. If we follow the method of strict counterpoint, 
we may expect to simulate to a considerable extent the 
style of Palestrina and his contemporaries. 

In strict counterpoint, we first produce a reference melody 
called the cantus firmus, and against this melody we then 
write other melodic lines in such a way that the whole 
cantus firmus setting conforms to a highly restrictive set 
of rules. The rules applied in our studies are shown below 
in Table I (under “Experiment Two”). These particular 
rules apply in the writing of first-species or note-against- 
note counterpoint. 

In our first set of experiments, we selected a limited num- 
ber of these rules to produce first cantus firmi alone, then 
two-voiced settings and finally four-voiced settings. In this 
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way, we progressed from monody to polyphony, meanwhile 
confining the music to a relatively simple texture of white 
notes only. 


After completing this initial project, we decided to dem- 
onstrate that this style of writing could be adapted essen- 
tially entirely for programming into a computer. To this 
end, the remaining rules tabulated in Table I were included 
in a new program from the computer, which eventually con- 
tained more than 1900 separate instructions. To provide 
additional interest to this second group of experiments, this 
program was written so that the rules could be added or 
removed at will. The music so produced was arranged to 
start with random white-note music, and then by the suc- 
cessive addition of counterpoint rules was forced to progress 
gradually to more and more controlled cantus firmus set- 
tings. We thought this procedure would provide an exam- 


ple of how order or redundancy might be brought into a 


musical texture. 

The second basic objective of our work was to generate 
music less imitative and restrictive in scope and, therefore, 
more illustrative of how computers might be utilized by 
contemporary composers. In this part of the project, we 
developed methods for generating rhythms, dynamics and 
instructions for playing stringed instruments (arco, pizzi- 
cato, sul ponticello, etc.), this last being an elementary 
sort of orchestration index. In order to break away from 
the consonant style of strict counterpoint, we wrote a pro- 
gram for the generation of dissonant chromatic music. This 
chromatic style was first permitted to be completely random 
as far as note selection was concerned, but was later re- 
stricted by the imposition of several simple but rather effec- 
tive compositional devices. This work was concluded with 
a brief study of how a computer can be used to generate 
twelve-tone rows and similar materials. 

The final set of experiments illustrates the third basic ob- 
jective of our work, which was to use the computer as an 
experimental device to synthesize musical textures based 
upon mathematical models which we feel abstract certain 
essential elements of musical structure. Certain “transition 
probability functions” related to the harmonic series and 
to rules of melodic writing were devised for successive note 
selection which, to borrow the mathematician’s terminology, 
permit the generation of what might be called “Markoff 
chain music” in the zeroth, first and i* order approxima- 
tions. These probability functions are shown in Table II. 
Thus, the transition probabilities can be combined in vari- 
ous ways to produce melodic output in which the proportion 
and character of skips and stepwise motions, the proportion 
of consonant to dissonant intervals, and the resolution of 
dissonant tu consonant textures, or vice versa, can be con- 
trolled rather easily. Moreover, these quantities can be 
made to apply simply to successive melodic intervals, or 
more complexly in relation to a “tonal center” or other 
distantly related reference point. This last procedure pro- 
vides a technique for introducing tonality into a musical 
structure, since from the term “tonality” we infer a long- 
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TaBLeE II. Table of functions for the generation of ‘‘Markoff- 
chain music’’ in Experiment 4. 
Combined 
Stochastic Harmonie Proximity function, 
Interval variable, v, funetion,x, funetion,y, 2; = 2, + y; 

Unison 0 13 13 26 
Octave 2 12 1 13 
Fifth 7 ll 6 17 
Fourth 5 10 8 18 
Major third 4 9 9 18 
Minor sixth 8 8 5 13 
Minor third 3 7 10 17 
Major sixth 9 6 4 10 
Major second 2 5 11 16 
Minor seventh 10 4 3 7 
Minor second 1 3 12 15 
Major seventh ll 2 2 4 
Tritone 6 1 7 8 

12 12 12 

37, = 91 My = 91 Sz; —182=—2xX91 

j=0 j=0 j= 


[2;=2(v;)] [y;=4(%;)] 


range relationship—a process requiring memory. This is 
accomplished in a computer by calculating weighted proba- 
bilities for intervals not between successive notes, but rather 
between the note to be chosen and some earlier note arbi- 
trarily selected as the reference point. This last set of ex- 
periments terminates with an example of a simple closed 
musical structure containing simple modulations and a 
movement toward a final cadence. In Table I, the work 
included in the /iliac Suite is summarized. 


GENERATION OF MUSIC IN THE ILLIAC 


To prepare a set of musical instructions for the ILLIAC. 
we first indexed the notes of the musical scale in numerical 
sequence from low C upwards. In the earliest and simplest 
experiments, we utilized only the white notes, omitting 
sharps and flats, but in later experiments, a chromatic 
scale of about two and one-half octaves was employed. 
Once this was done, then the generation of music in a com- 
puter was resolved into two basic operations. In the first 
operation, the computer was instructed to propagate pseudo- 
random integers equated to notes of the musical scale and 
also to rhythms, dynamics, and other musical elements. 
These random integers, having values from zero to n—1, 
were generated one by one by multiplying a random frac- 
tion by n, separating the resulting integer part as the usable 
random integer, and multiplying the residual fraction once 
again by m to produce yet another random integer for sub- 
sequent use. The sequence of random digits thus generated 
was the representation of the initial fraction in the base » 
number system. 

Each random integer thus produced was then screened 
through a series of arithmetic tests representing various 
rules of composition and either accepted or rejected depend- 
ing upon the rules in effect. If accepted, an integer was 
used to build up a “composition” and stored in the computer 
until the completed “composition” was ready to be printed 
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| ort T° FOR VOICE 3 | ser TRITONE RESOLUTION| 
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|OITTO FOR voice 4 | 


t 
RESET: — | 
SHIFT N 


Fig. 1, Experiment 2: Main routine for striet counterpoint. 


out. On the other hand, if a random integer was rejected, 
a new random integer was generated and examined. This 
process was repeated until a satisfactory note was found or 
until it became evident that no such note existed, in which 
case part or all of the “composition” thus far composed 
was automatically erased to allow a fresh start. 

Setting up the rules in the computer depends upon the 
transmission of musical concepts into arithmetic operations. 
To illustrate how this is done, we have reproduced simpli- 
fied block diagrams for two of our composition programs. 
In Fig. 1, for example, a condensed version of our routine 
for strict counterpoint is shown. It should be pointed out 
in connection with this diagram that it is convenient to 
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Fig. 2, Experiment 3: Main routine for chromatie music. 


2 PRINT ? 


_— RESET: NEXT CHORD 


group the rules of counterpoint shown in Table I into three 
basic categories. The first category consists of “melodic 
rules” governing linear relationships between successive 
notes in a given melodic line. The second category con- 
sists of “harmonic rules” controlling vertical relationships 
between different melodic lines while the last category is 
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RHYTHMS 
CLOSED 


Decimal 
number 


Binary 
number 


OPEN 
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made up of what we may call “combined rules” which ex- 
press more complicated interactions. In the block diagram, 
it is also shown that we used a “try again” technique for 
building the total “composition,” not only for efficiency 
but also because we felt this simulates more closely the 
normal processes in musical composition. 

In Fig. 2 a block diagram for the main routine for the 
chromatic writing used in the third set of experiments is 
shown. This operates in principle much as does the code 
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MUSICAL COMPOSITION WITH A HIGH-SPEED DIGITAL COMPUTER 


just described except that the musical rules are different. 
Three principal rules were applied here. The first was a 
chromatic jump-stepwise rule used in strict counterpoint. 
The second was a somewhat complex rule for resolving 
tritones (augmented fourths and diminished fifths) by 
either inward or outward chromatic progression, while the 
last was an octave range rule which applied backwards for 
each particular melodic line at least as far as twelve notes. 
The first page of the resulting section of the /Jiliac Suite 
appears in Fig. 3. 


In order to program rhythms, we simply generated ran- 
dom binary numbers to simulate rhythms, permitting ones 
to represent “strikes” and zeros to represent holds or rests 
depending on the playing instructions produced separately 
by another part of this same particular program. There are 
sixteen possible quarter-note rhythms in a common-time 
measure, or eight basic patterns in a ternary rhythm, the 
other basic metrical pattern. In generating rhythms, we 
permitted these binary numbers to be applied to all possible 
combinations of four voices and also for as many measures 
as desired, depending upon the rules in effect. The coding 
of simple rhythmic patterns of binary numbers is shown in 
Table ITI. 


DISCUSSION 


Has any attempt been made to use computer methods 
to analyze popular orchestrations to establish what a 
keen ear will tell, that certain combinations of chords 
are nonmusical? 


I think you have asked two questions in one. Number 


one is, has this analysis been made? It has not been 
made by me. Also, would it be worthwhile making? 
I am not sure a computer would be required for this 
type of analysis of popular music. The properties of 
this type of music are quite well known already. The 
second question, which concerns whether certain chords 
are or are not musical, I think is not quite what you 
mean—whether a chord is musical or not depends on 
what styles you are willing to accept. In other words, 
this is purely a stylistic problem. It depends on what 
you define as musical. I will accept many chords that 
perhaps someone else won’t. This is a long, involved, 
difficult question, involving musical esthetics, rather 
than computer techniques. I will say that the analysis 
with the aid of computers of more complicated music 
than popular music certainly is an interesting possibil- 
ity. We are well aware of the possibility of doing this, 
and as a matter of fact, this is one of our objectives in 
future work. 


I really intended this, that given certain notes of music, 
any background chords accompanying a certain note 
of a melody do not necessarily sound melodic to the 
ear, and I was curious as to whether a mathematical 
analysis had been made of that with the computer. 


A. 
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I am really not trying to evade answering your ques- 
tion. If you take an example like the third movement 
of the Suite, a lot of this would be considered, in terms 
of conventional music theory, nonmusical, because the 
chord combinations are extremely dissonant. But some 
people perhaps are very much pleased by this, while 
others are not, and again the question of whether it is 
“musical” or not, I think, is something we can’t analyze 
with a computer. A computer could tell us how many 
possible chord combinations we could make, and things 
of this sort, but a computer could not evaluate the data 
in “musical” terms. The information the computer 
could get by an analysis of a wide number of samples 
would have to be subjected to a value judgment which 
we would have to make on the basis of whatever par- 
ticular values we felt were most important. The com- 
puter can process data, but it can’t tell you whether 
these data are “good” or “bad.” I think this is what 
you are asking, because if you ask whether a chord 
“supports” a particular melody, really you are asking 
whether it is a “good” chord or a “bad” chord. 

Can you help clarify briefly how the dynamics, that is, 
the amplitude of the loud and soft passages, are accom- 
plished? 

How did we get them? 

Yes. 


Again on the basis of random number technique as a 
starting point. We set a scale of dynamics applicable 
to the particular instruments to be used, specifically, 
from pianissimo to fortissimo. We assigned a number 
to each gradation on this scale of dynamics, and also 
for dynamic changes, that is, for crescendi and diminu- 
endi. After indexing all this properly, we first gener- 
ated random dynamics and then dynamics which were 
less random, which obeyed certain musical rules we put 
into effect. 

I see. I have just one more question. Has there been 
any provision made for the psychological aspects of the 
-music as compared to traditional music? 

What do you mean? 


Well, emotional qualities? Have you taken that into 
consideration with this type of music? 

Yes, I have, but I would say that this was not subject 
to our inquiry at the present time because numerical 
variables associated with emotion are at present rather 
poorly defined to say the least. I would say that all 
we can do is process non-verbalized musical information 
to make patterns, and beyond that level we still have 
to “converse” with the computer to get what we want, 
in terms of emotional content. While I know of people 
who are trying to define the emotional content of music 
and the sociological content, and so on, I myself am 
steering clear of this field because I don’t feel it would 
be too valuable for me to look at right now. Other 
simpler problems need to be handled first. 
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Technical Facilities for the Diplomatic Conference 


D. D. Jones 
B. Eichwald and Co., New York, N. Y. 


The conduct of a multilingual diplomatic conference requires the solution of a number of prob- 


lems of an audio engineering nature. 


Among these are (1) the control of the microphones used 


by the participants, (2) sound reinforcement, (3) control and distribution of simu’taneous inter- 


pretations, and (4) resolution and recording of votes. 


The author discusses the problems which 


arise in each of these areas, and describes contemporary systems practice which has been developed 


for their solution. 


Suggestions for improvements in certain areas of design, drawn from his 
experiences at the United Nations, are advanced. 


HIS PAPER is a study of technical systems employed 

at multi-lingual diplomatic conferences. It describes 
contemporary systems practice and suggests improvements 
in certain areas of design. 

The study reflects experience with international confer- 
ences in the United States. It was prepared for architects 
and engineers engaged in the planning of conference rooms 
and buildings. 

Conference rooms are seldom alike structurally, architec- 
turally or in character of use. The technical systems, how- 
ever, have modes of operation which are similar in all coun- 
tries. When the full requirements for a new conference 
room or building are known, the technical and architectural 
features of the project may then be jointly developed in 
preliminary form. At this juncture, which is a critical stage 
in planning, a knowledge of the criteria, operational con- 
cepts and problems unique to conference operation are 
necessary. 

The scope of this paper is limited to a treatment of these 
essentials. 


ELEMENTS OF A DIPLOMATIC CONFERENCE SYSTEM 


A full conference system is in reality the merging of 
several systems into one. 

The modern conference room may have to be equipped 
with four basic systems and these in turn may provide 
service to a number of subsidiaries. 

Of the basic systems noted, those which provide for (1) 
control of conference microphones and (2) sound reinforce- 
ment are most familiar. In addition, there are systems for 
(3) control and distribution of simultaneous interpretations, 
a specialized linguistic technic now considered indispensa- 
ble at all diplomatic conferences, and (4) automatic systems 
for the resolution and recording of votes. 

These systems in many types and combinations have been 
introduced into the scene of the diplomatic conference over 
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a long period of time and through numerous stages of devel- 
opment in several countries. Their use has resulted in 
marked savings in time and effort, a matter of considerable 
importance economically and sociologically. 


1. CONFERENCE MICROPHONE SYSTEM 


At the diplomatic conference, the principal function of the 
microphone system is to provide interpreters with a clear 
and uninterrupted account of proceedings. Reference to 
Fig. 1.0 shows why this is so. A lesser function of the 
microphone system is to provide sound reinforcement. 


Relationship to Speakers 


During a conference, speaking delegates assume various 
physical aspects in relation to microphones. It is important 
to consider these when designing the conference tables and 
microphone facility to ensure the best possible service to 
interpreters. 

Maximum forward movement of the head usually places 
the mouth about eight inches beyond the edge of the con- 
ference table. The most relaxed speaking aspect places the 
mouth about sixteen inches in front of the table edge. The 
limits may be represented approximately by a horizontal 
line differential of about twenty-four inches, whose locus 
is about fourteen inches or so above the table surface. This 
is shown in Figs. 1.la and 1.1b. 

Any speaker may of course move slowly or abruptly 
through this distance, but the probable differential for indi- 
viduals is usually less than six to eight inches. The limits 
of the differential, however, are frequently experienced when 
microphones are successively switched from speaker to 
speaker at random. Speaker A, for example, may have a 
tensed physical aspect during his address and lean against 
the table. Speaker B, following, may start speaking while 
in a fully reclined position. 
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ORATION INTERPRET ATION 


Fie. 1.0. ‘‘Simultaneous’’ interpretation: The Finlay-Filene 
concept. 


Input Variables 


When microphones are installed in a non-captive manner 
and are movable at the discretion of speakers, there are two 
geometric variables to consider: (a) the possibility of head 
movement, and (b) the possibility of microphone movement. 

If microphones are installed in a fixed location, there is 
but one geometric variable: that of head movement alone. 
The nature of these variables, particularly in a large instal- 
lation with numerous microphones, will play an important 
role in determining the quality of the service. 

For the two-variable case, shown graphically in Fig. 1.1a, 
the mouth is considered free to move along the line whose 
limits are at A and C. The microphone is considered free 
to move along the line whose limits are at B and D. Hence 
there are four limiting aspects, represented by the lines AB, 
AD, CB, and CD. From right triangle solution in terms 
of the practical dimensioning shown, these lines are 22.4, 
39.2, 10.8, and 17.2 inches, respectively. 

If reflected components of sound from room surfaces are 
negligible at the microphone when compared to the direct 
sound energy levels of the voice, the sound pressure P at 
the microphone will vary inversely as the first power of dis- 
tance r. That is, when P < k/r and k = 1, P will change 
6 db for each doubling of r._ If r, is reference distance, and 
r, = 2,r,, the change in pressure P will be: 

AP = 20 log r/r, = 6 db. 

From this simple relation, the input variables may be 
assessed to a reasonable degree of approximation. With the 
conditions given in Fig. 1.la, for example, the line CB may 
be taken as reference distance r, and the expected changes 
in P determined in relation to it. The greatest distance 
ratio occurs when speaker A assumes aspect AD and speaker 
B assumes reference aspect CB. From this the expected 
change in P is 

AP = 20 log (39.2/10.8) = 11.25 db. 

Hence it is easily seen that if large ratios between speak- 
ing aspects of successive speakers are possible, the sound 
level available to microphones varies between correspond- 
ingly wide limits. 
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To reduce distance ratios between successive speakers 
without imposing restrictions upon the speakers themselves, 
a single-variable arrangement may be used. But this re- 
quires that microphones be in fixed location. In this case, 
the distance ratios are altered by head movements alone. If 
a satisfactory location can be found for the microphone, 
this is the preferred method. 

An experimental low-ratio single-variable arrangement is 
shown in Fig. 1.1b and will be described later. With the 
microphone located in an appropriately designed cavity at 
B, the speaking aspects AB and CB are 23.3 and 17.5 inches, 
respectively. For this case, taking CB as reference, the 
difference in sound levels when successive speakers are at 
the limits A and C will be about 2.5 db. 

But although the sound pressure (in dynes/cm*) at the 
microphones halves for each doubling of r, the electrical 
output depends upon the class of microphone empioyed. 
The voltage output of pressure-sensitive microphones will 
be proportional to changes in P, decreasing or increasing 
6 db for doubling or halving of r. Microphones which are 
sensitive to changes in particle velocity, however, behave 
differently. At distances several meters from the source, 
the changes in electrical output are the same as those for 
pressure-sensitive microphones. At distances close to the 


a 


(b) 


Fig. 1.1. Pickup relationships: Captive vs non-eaptive micro- 
phones. Top section of a conference table as shown in Fig. 2.0. 
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TABLE 1. Average sound pressure level produced by conversational 
speech as a function of distance from lips to microphone. 


Distance (em) | Touching 0.5 1.0 2.5 5.0 10.0 25.0 50.0 100.0 
104 102 99 85 90 85 78 72 66 


Sound pres- 
sure level (db) 


source, however, (less than 1 meter), the rate of output 
change increases to nearly 12 db for each halving of r. Also 
as r is decreased within this same range of r, progressive 
distortion of the microphone’s frequency response charac- 
teristic takes place. The lower frequency output increases 
at a rate faster than that of the higher frequencies. This 
results in unnatural emphasis of the lower frequency voice 
tones which is generally undesirable in a speech communi- 
cations system and particularly objectionable in a confer- 
ence system. Abrupt changes in sound level or quality are 
fatiguing to interpreters. 


Of course, in the foregoing discussion of one- and two- 
variable arrangements, there is much over-simplification of 
the problem as only the comparative geometries are taken 
into account. The sound energy sources (successive speak- 
ers) were assumed to be point sources, each radiating spheri- 
cal waves of equal intensity, and the microphones were 
assumed uniformly responsive through a wide angle. 


The practical conditions of course are quite different as 
there are many factors introducing variability. For exam- 
ple, extensive investigations on conversational speech of men 
and women have been made by Dunn and White. These 
studies indicate that the long-time interval average sound 
pressures taken at a distance of 1 meter are 64 db and 61 db 
above the reference pressure of 0.0002 dyne/cm? for male 
and female voices respectively. 

Speaking distances of about 1 meter are the maximum 
to expect in a formal conference. By correlating the above 
information for the least distance r,, (Fig. 1.la) the average 
sound level will be 75 db for men and 72 db for women. 
A “raised” voice level is about 6 db above conversational 
level and a “whisper” is about 20 db below conversational 
level. Hence a voice range of 26 db may occur during any 
speech. 

Further studies on average sound pressures as a function 
of distance have been made by Abrams, Goffard, Miller, 
Sanford and Stevens? and are given in Table 1 which is 
self-explanatory. 


Methods of Installation 


In conventional installations, conference microphones are 
usually installed in a captive or non-captive manner and 
suspended, or located on the table. 


1H. K. Dunn and S. D. White, J. Acoust. Soc. Am., 11, 278 (1940). 
2M. H. Abrams, S. J. Goffard, J. Miller, F. H. Sanford, and S. S. 
Stevens, “The Effect of Microphone Position on the Intelligibility of 
Speech in Noise,” OSRD Rept. 4023, (1944). 


TECHNICAL FACILITIES FOR THE DIPLOMATIC CONFERENCE 


Suspended Microphones 


Microphones located above the table by means of brackets 
or other suspensions permit very favorable mouth-to-micro- 
phone coupling and freedom from interference with papers 
and documents. While such installations have desirable 
single-variable geometrical properties, they are usually diffi- 
cult to arrange without conflicting with sight-lines or es- 
thetic considerations. 

To some extent, the practicability of a suspension type 
system improves with reductions in table depth and the 
availability of microphones in small size and weight. 

Reductions in table depth, to a maximum of perhaps 
twenty-four inches, permit the use of short and rigid me- 
chanical brackets having low moment at the point of 
support. Swivel action at the microphone itself or at the 
point of bracket support is usually not necessary for con- 
ference applications. The incorporation of swivel action 
introduces another variable which will contribute to opera- 
tional difficulties. 

If a suspension type system is to be employed, the micro- 
phone proper may be located about ten inches above and 
twelve inches beyond the table edge. Attention must also 
be given to the problem of desk illumination to avoid deep 
shadows within the reading area. 


Table Microphones 


Microphones installed on non-captive table mountings are 
the types in most general use. Flexible cables are required 
and the microphone is free to move within the radius of its 
attaching cable. The most satisfactory location for the 
microphone, directly before the speaker, also coincides with 
the optimum reading position for documents; thus there is 
always some interference to be expected between them. 
Moreover. the installation of non-captive microphones is 
usually based upon the premise that speaking delegates 
have some familiarity with microphone technique. Unfortu- 
nately, this is not always the case. 

Busily preoccupied speakers may be expected to push 
microphones aside or toward the rear of the table to clear 
documents. Experience shows that unfavorable pickup often 
occurs as a result of this. 

Also for reasons which are apparently psychological, 
speakers, during an address, will sometimes grasp, tap and 
slide table microphones, thus generating spurious impact 
and percussive types of noise which are very disturbing to 
interpreters who do their listening through close fitting head- 
phones. 


Internal Microphones 


In a well-planned conference system, the functions of the 
microphone should not interfere with those of the table. 
With this proposition as an objective, some work has been 
done to develop a simple internal mounting. 

A properly designed internal mounting (a) places the 
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Fig. 1.2. Polar response: Captive microphone in an internal 
mounting arrangement. 


microphone in satisfactory relation to the speaker, (b) frees 
the table surface for documents, (c) provides a desirable 
single-variable aspect ratio as previously explained, (d) 
maintains constant relation to sound reinforcement loud- 
speakers wherever they are placed, and (e) eliminates the 
possibility of direct physical shocks. 

Several manufacturers have recently developed small 
“lavalier” type microphones such as the RCA BK-6B, Altec 
600B, Electrovix 649, et al. These microphones have re- 
sponse characteristics adjusted to compensate for the chest- 
radiated lower frequencies and the high frequency shadow 
beneath the chin, when the microphone is used at waist level 
near the clothing. Hence they are very well suited to desk 
mounting locations such as that shown in Fig. 1.1b where 
the incidence of the voice is essentially perpendicular to the 
axis of the microphone. 

But the partial enclosure of a microphone will alter its 
directional characteristic, particularly at the higher frequen- 
cies. Therefore a few measurements were made with an 
experimental set-up to determine the extent of field distor- 
tions at various frequencies through the desired angle of 
pickup. 

A wooden chamber was constructed so as to simulate the 
front edge of a conference table with a hollow core and an 
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inclined face. To prevent cavity resonances the chamber 
was damped by filling it with Fiberglass board (PF grade) 
having a density of 4 Ib/ft®. An RCA BK-6B microphone 
was mounted vertically in the cavity and fully supported 
by the surrounding Fiberglass. Polar response measure- 
ments were then made in the vertical plane at 2000, 6000, 
and 8000 cycles. The results, which were found to be in 
good agreement with published curves* for this microphone. 
are given in Fig. 1.2. 

The most serious disadvantage of this method is the possi- 
bility of partial blocking of the table aperture by the waist 
or clothing. But observational studies during many con- 
ferences have shown that the probable incidence of such 
blocking is very small. This problem may be largely over- 
come by knowledgeable design of the table section. 

This method of installation appears to have useful po- 
tentials for conference applications. 


Number and Types of Microphones Necessary 


Irrespective of installation method or type of microphone 
selected, the number of microphones to provide in a per- 
manently equipped room should be equal to the seating 
capacity of the conference table. Conference rooms with 
30 to 100 microphones are now by no means uncommon. 
If fewer microphones are provided, inferior service may be 
expected. 

Of the three broad classes of microphones, (1) pressure. 
(2) pressure gradient, and (3) combinations of pressure- 
pressure gradient, the pressure microphones are most widely 
favored for conference installations if rooms are not too 
reverberant, because the apparent quality of the reproduced 
speech is not altered quite so much with changes in speaking 
distance as with other types. 

Typical microphones in these respective classifications 
are the moving coil, ribbon, and cardioid types. 


Microphone Operation 


Microphones are generally operated from a supervisory 
console and manually switched upon recognition of a dele- 
gate by the “chair” according to the customs in parliamen- 
tary procedure. 

In the parlance of the diplomatic conference, the common 
audio output from the delegates’ microphone system is re- 
ferred to as the “floor” channel. The “floor” is distributed 
to the simultaneous interpretation system and the sound- 
reinforcement system. If the meeting is not séance a huis- 
clos, the “floor” is also distributed to the archives recording 
facility, broadcasting, and news services as well. 

Numerous microphone switching operations occur during 
a conference. Switching intervals may be shorter than a 
minute or as long as one hour or more. Three-minute inter- 
vals are about average. Self-triggering or automatic control 
of microphones has often been considered for conference 


3R. E. Werner, “The New BK-6B Personal Microphone,” Broad- 
cast News, 89, June 1956. 
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operations. But the practical conditions—murmured asides, 
rustling of papers, loudspeaker operation, and other residu- 
als in a large conference room—create an unfavorable en- 
vironment for reliable automatic operation. 


A typical conference system employs 10 to 15 micro- 
phones for interpreters and, as mentioned, up to 100 micro- 
phones for the “floor.” Divided control becomes necessary 
to prevent the system from becoming cumbersome to oper- 
ate. Under this mode of operation, which is conventional 
in practically all installations, interpreters activate their 
individual microphones and operations personnel activate 
those of the “floor.” 


However, every microphone in the system should be op- 
erable when necessary at the supervisory console. Arrange- 
ments of this kind help retain centralized control during 
exigencies which are bound to arise. 


Centralized control of the microphone system by means 
of a bank of relays is probably the most modern and ad- 
vantageous practice to employ in permanently installed 
systems. Relay-controlled microphone systems facilitate 
speedy operation, expandability, compactness of console de- 
sign, and the ease of maintenance essential in conference 
systems. 

An excellent plan for the control of microphones includes 
the provision of fast-acting telephone-type relays or equiva- 
lent transistorized switching for each microphone circuit, 
relay operation by means of non-locking momentary push- 
keys at the console, and the provision of extension non- 
locking push-key controls at each interpreter’s microphone. 


ll. THE SOUND REINFORCEMENT SYSTEM 


Diplomatic chambers and conference rooms range in size 
and capacity from 6 000 to well over 200 000 cubic feet, to 
accommodate 20 to 800 persons. These rooms are usually 
designed to have a volume of about 280 cubic feet per per- 
son (as compared to 125-250 cubic feet per person for small 
theatres). Being expressly designed for speech, it is neces- 
sary that they have the shortest reverberation time* for all 
classes of use. The overall architectural style of a confer- 
ence room may be influenced by medieval, traditional, con- 
temporary, or modern schools. Interior decor may require 
walls of stone, tile, marble, plaster, glass, wood paneling. 
or any possible combination of these materials, according 
to the aesthetic predilections of the architect. The seating 
for delegates and spectators may be arranged according to 
a geometrical plan of circular, elliptical, rectangular, or 
composite shape. Thus the center of interest shifts with 
the location of the person speaking. In some rooms pro- 


visions are necessary to accommodate changes in the plan 
of seating to suit different agencies or committees. 


4V. O. Knudsen and C. Harris, Acoustical Designing in Architec- 
ture, p. 194, (John Wiley & Sons, New York, 1950). 


TECHNICAL FACILITIES FOR THE DIPLOMATIC CONFERENCE 


Nature of the Sound Problem 


The problem of sound reinforcement for a conference 
room may be easily distinguished from that of the audi- 
torium or theatre by the fact, previously noted, that the 
sources of sound occur in random locations. 

This simple distinction places the conference sound prob- 
lem in a special category of its own. It also accounts for 
the somewhat greater complexity of these systems as com- 
pared to most others. 

Acoustical stability in an auditorium system is usually 
obtained by arranging the microphone and loudspeaker so 
that their principal fields are mutually exclusive and do not 
overlap. This is accomplished by spacing the loudspeaker 
and microphone by some empirically derived minimum- 
critical distance and orienting their respective axes of maxi- 
mum response in opposite directions. Auditorium systems 
are, of course, one-way long-air-path systems. 

The conference system, however, is arranged for bilateral 
conversation. Any participant may alternately speak to 
all others, then listen to any one of them. It functions pri- 
marily as a two-way short-air-path system. 

Because of the large number of microphones employed, 
however, the conventionalized approach, applicable to audi- 
torium system design, is of little value for the conference 
system. With conference systems, very stringent and selec- 
tive control over the sound field is usually necessary to 
realize operational stability. 

This means that the total area to be served needs to be 
subdivided into small, equal and well-defined zones and 
each zone served by an individual and controllable loud- 
speaker unit. An en masse arrangement of small loudspeak- 
ers is of course then required. The directionality and high 
low-frequency cut-off of small loudspeakers are very useful 
for curbing feedback. But in unusually reverberant situa- 
tions, automatic muting may also be necessary. 

En masse speaker systems are inherently adapted to al- 
most any conference system problem. But speakers used 
in this manner present special problems architecturally be- 
cause the loudspeaker equipment inevitably becomes an in- 
tegral part of the conference furniture. 

It is not at all difficult, however, to functionalize confer- 
ence furniture so that the overall design is compatible with 
the requisite decor and the criteria for natural reproduction 
and stable operation. 

En masse speaker arrangements for the conference room 
are perhaps more explicitly defined as high proximity sys- 
tems. Hence speaker system classifications suggested in 
terms of proximity will be given later. 


Noise and Sound Levels 


The residual noise level in a well designed conference 
room should not exceed 35-40 db above threshold? (unoccu- 


+ As measured with a standard sound level meter, 40-db weighting 
network. 
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Fic. 2.0. High-proximity loudspeaker system. 


pied). For comfortable listening, a sound pressure of about 
65 db is ordinarily satisfactory. Uniformity of field is a 
measure of careful planning. If the reinforcement plan in- 
cludes loudspeakers in adequate numbers and distribution, 
there will be but small deviation from nominal pressure 
at any seat. 


Typical High-Proximity Systems 


Articulation is generally highest when loudspeaker prox- 
imity is high; hence, the trend in conference installations 
is to provide loudspeakers of sufficient numbers in the lis- 
tening plane so that they are literally within arm’s reach of 
any seat. This means, of course, that they must be located 
in or on the conference table, in or on the backs of chairs, 
or in other appropriate locations. 

A case in point is shown in Fig. 2.0. This diagram of an 
existing installation shows how 4-inch loudspeakers were 
located in the backs of captive chairs and within the con- 
ference table to serve concentric rows of chairs. The scheme 
can be extended to any number of chair rows. 

Padded chair backs, particularly those with foam rubber, 
form excellent baffles and the cost to have the chairs so ar- 
ranged is surprisingly low when done during their manu- 
facture. 

High-proximity systems are very satisfactory for confer- 
ence applications, but of course they are characterized by 
their “sourceless” qualities. The person speaking provides 
a “sensing” signal, however, so there is little difficulty in 
determining the direction of arrival of sound. 

The practice shown in Figs. 2.0 and 2.1 is necessary only 
in the working areas for delegations where the need for high 
articulation and acoustical stability is co-requisite. Public 
seating areas are perhaps best served by loudspeakers having 
a more conventional degree of proximity. 

Loudspeakers employed in high-proximity systems usually 
operate in the 5- to 10-milliwatt power range. If one loud- 
speaker is provided for each seat around the conference 
table, the sum of the physical paths, mouth-to-microphone 
and speaker-to-ear, will be short (about 1 meter) and this 
path will be substantially uniform for all conferees. This 
fulfills one of the most important criteria for high articula- 
tion, since the listener receives a signal virtually free of 
reverberation or room effects. 

Maximum stability against acoustic regeneration or feed- 
back may be achieved when loudspeaker muting relays are 
provided. The relays may be energized by auxiliary con- 
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tacts in the push buttons of the microphone control system. 
With this arrangement, loudspeakers adjacent to a given 
“live” microphone are automatically muted upon activation 
of the given microphone. Such precautions are not always 
necessary, however. 


Classifications in Terms of Proximity 


Of the various parameters—pressure level, bandwidth and 
distance to listener—which describe the mode of operation 
for a given speaker system, the distance parameter or 
“proximity” may be used as a convenient basis for classify- 
ing the system. A forehand knowledge of the degree of 
proximity needed for good service in a conference room is 
of importance to designers as it largely defines the character 
and extent of the architectural detailing which will be 
necessary. 

For the purpose of this study, proximity P, is tentatively 
defined as the reciprocal of distance r in meters between 
loudspeaker and listener. Sound system classifications in 
these terms are given in Table 2 which includes the operat- 
ing ranges most frequently encountered in conference room 
installations. 


Bandwidths, Articulation 


A conference system is a speech communications system. 
All of the published criteria regarding high quality speech 
systems are applicable to conference systems. It should be 
noted, however, that the performance objectives for the 
microphone system of necessity are different from those of 
the sound reinforecment system. The former, serving as 
the principal connecting link between speaker and inter- 


Fig. 2.1. Sound re-enforcement system in the Economic and So- 
cial Council Chamber, United Nations, N. Y. Loudspeakers are in- 
stalled in tables and backs of advisors chairs in a high proximity 
arrangement. This method is typical of all conference rooms at 
United Nations Headquarters, N. Y. (UN photo.) 
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TECHNICAL FACILITIES FOR THE DIPLOMATIC CONFERENCE 


TaBLe 2. Tentative classification of sound-reinforcement systems 
in terms of ‘‘ proximity.’’ 


Avg. spacing Approx. range 


listener-to- of speaker-axial Typical 
P,=1/r (m*) speaker pressures* installation 
1.5-1.0 (high) %tol m 65-66 db above Tables, chairs 
ref, 
1.0-0.2 (intermed.) 1to5 m 66-70 db above Tables, ceiling 
ref. 
0.2-0.02 (low) 5 to 50 m 70-90 db above Ceilings, walls 
ref. or rear of 
sereen 


* Mid-frequency at 1 meter. Sealar values only. No relation to 
speaker efficiency or cone size. 


preter, is best designed to transmit the full range needed for 
maximum syllabic articulation. (The practical limitations 
of physical space and acoustic feedback make it advisable 
to design the latter for the minimum bandwidth necessary 
for good quality reproduction.) 

An excellent practical guide to the selection of target 
bandwidths for conference systems will be found in Table 
3. This table is a preferred series of audio bands for 
speech reproducing systems, published in Jensen Technical 
Monograph No. 4.5 

Band 2 is the desired response for a conference micro- 
phone system. If background noises are low, interpreters 
will hear every inflection of speech with the least effort and 
nervous strain. 

Bands 3 and 4 can be easily attained with the small loud- 
speakers in a high proximity system and will provide good 
intelligibility without unduly complicating the architectural 
constructions. 

Articulation is the measure of intelligibility. Articulation 
is determined by statistical methods and can be done only 
after a system is in operation. It is found by uttering 
meaningless and random syllables into the system. Noise, 
distortion, and poor acoustics reduce articulation figures. 
The articulation figures given in Table 3 are approximate 
but well within practical realization in a carefully designed 
conference room. 


Ill. THE SIMULTANEOUS INTERPRETATION SYSTEM 


Brief History of the Subject. During the earliest labor 
conferences at Geneva in 1925, it was the practice for inter- 
preters to address audiences by language groups. Segments 
of the audience sharing the same vernacular were acous- 
tically isolated from each other by the classically simple 
expedient of drawing curtains between them. Interpreters 
would first listen to speeches, then turn and address their 
respective groups. This was “consecutive” interpretation, 
and it was delivered in a manner differing but slightly from 
the ageless customs and traditions of antiquity. 

However crude and artificial this practice may now seem, 
it was nevertheless a starting point, and one which eventu- 


5“The Effective Reproduction of Speech,” Monograph 4, Jensen 
Mig. Co., Chicago, Ill. (1946). 
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ally led to the modern technique of “simultaneous” inter- 
pretation. 

Consecutive interpretations, however, consume much time 
and prolong meetings. With the rapid increase in the fre- 
quency and complexity of international conferences since 
the turn of the century, it soon became clear that radical 
changes in the techniques of interpretation were needed to 
save time. 

In 1926, Professor Gorden-Finlay, a Briton, with the 
philanthropic support of Mr. Edward Filene, an American, 
and the cooperation of the International Labor Office, de- 
vised the first system for simultaneous interpretation. With 
the new system, first tried experimentally in 1927, interpre- 
tations were “whispered” or “murmured” into microphones, 
and the delegates needing interpretations heard them by 
means of headphones. 

According to a description® of the system as then used, 
“an interpreter for each language was placed in close prox- 
imity to the speaker where he could both see and hear him. 
Each interpreter was equipped with a microphone the un- 
hooking of which brought all parts of the system—trans- 
mitter, receivers, recorders and indicators—into operation 
automatically, the interpreters merely murmuring into their 
instruments in a voice so low as not to disturb either the 
speaker or one another. 

“Each of these transmissions is electrically amplified and 
delivered to receiving instruments in the body of the hall. 
Each member of the audience is provided with a receiving 
instrument and has a choice of language by simply turning 
a dial.” 

While this description may seem a bit archaic, the modus 
operandi remains unaltered and aptly describes every simul- 
taneous interpretation system in current use. Subsequent 
developments have introduced refinements of instrumenta- 
tion and convenience of use, but little change to the original 
Finlay-Filene concept. 


Modern Practice 
At the present-day diplomatic conference, matters are a 
good deal less strenuous for simultaneous interpreters. A 


TasBLe 3. A preferred series of audio frequency bands for speech 
reproducing systems, 


Cut-off frequency (eps) Articulation (percent) 


Band No. low high syllable word sentence 
1 40 15 000 98 99.7 100 
2 80 7600 98 99.7 100 
3 110 5300 97.5 99.5 100 
4 130 4400 96 99 100 
5 160 3600 93 98.5 100 
6 200 3000 88 97.5 100 
7 220 2700 85 96.5 100 
8 250 2400 80 95 100 


Note: Aural balance will probably be satisfactory if the low fre- 
quency cut-off in an adjacent band is substituted. 


6H. N. Shenton, Cosmopolitan Conversation, (Columbia Univ. 
Press, New York, 1933), pp. 389-395. 
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(a) CONVENTIONAL ARRANGEMENT 


(b) DOORLESS BOOTHS 


NO SCALE 


ENLARGED DETAIL OF (b) INCLUDING SEATING 


Fig. 3.0. Interpreters’ booths: 
arrangements. 


Conventional and experimental 


language “team” of interpreters, usually two or three, al- 
ternate periodically while a meeting progresses. The “team” 
is seated in an acoustically isolated booth and each inter- 
preter is provided with a microphone, a headset and simple 
switching equipment. 

The output from a given interpreter’s booth is a “channel 
of language interpretation.” Several such channels may be 
employed, five being most common. The language channels 
and the “floor” channel constitute full service and this serv- 
ice is distributed to all seats in the conference room by 
means of a multi-pair cable network. From a technical 
point of view a simultaneous interpretation system is there- 
fore a multiple-channel audio distribution system over which 
the speaking delegates may be heard through one channel 
and interpreters through the remainder. 

When highly trained linguists are available, the time lag 
for simultaneous interpretation seldom exceeds 3 or 4 sec- 
onds. Simultaneous interpretations save time, some authori- 
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ties claiming a reduction in conference time by as much as 
50 per cent, but the choice of method, consecutive or simul- 
taneous, is a diplomatic prerogative. 


Human Factor 


As may be expected of any system which relies upon an 
individual’s talent, skill, and stamina for its successful 
functioning, there are numerous psychological and environ- 
mental factors involved in the simultaneous interpretation 
technique which contribute to fatigue, and must be thor- 
oughly understood by designers of the facility. 

In addition to the difficult linguistic task of interpreta- 
tion per se, it is commonly known that extraneous noises, 
distortion, clipped werds, or sentences because of delayed 
microphone switching, excessive reverberation, crosstalk, 
echoes, off-microphone pickup, acoustical fringe howl, 
thumping or “breathing” of signals from electronic mal- 
adjustments, and other anomalies of operation, all play a 
part in the tiring of interpreters because they reduce articu- 
lation and increase the strain of listening. 


The natural consequence of fatigue is impairment to the 
quality of interpretation. Interpretation is so vital to the 
conduct of an international gathering that no effort can be 
spared in the design of the electronic, architectural and 
acoustical properties of a conference room to minimize the 
known causes of fatigue. 


Simultaneous interpreters generate their own acoustical 
interference. To keep pace with meetings, they talk and 
listen at the same time. Hence the very act of interpreting 
simultaneously doubtless has an effect equivalent to that of 
lowered articulation for the one doing the interpreting. This 
appears to be an inherent and irreducible barrier which must 
be overcome solely by practice and adaptation. 

An interpreter’s “duty cycle” may vary from a few min- 
utes to an hour or more. During periods of rest, one of 
his colleagues takes over but he remains on duty, alert to 
the progress of the meeting and prepared to resume inter- 
preting whenever necessary. 

While in his booth, an interpreter may take notes, study 
documents or discuss matters relevant to proceedings with 
others inside or outside the conference room. Thus the 
interpreter’s booth is a cross between an office and speaking 
studio and for maximum utility and comfort, this architec- 
tural hybrid needs facilities common to both. Simultaneous 
interpretation seems to be a field in which the research 
worker in industrial psychology could make very useful 
contributions. 


Facilities Design Criteria 


Interpreters’ booths are quite small as a rule, having a 
volume of about 400 cubic feet. Typical inside dimensions 
are about 7 feet in width, 9 feet in depth, with a ceiling 
height of 742 feet; hence, they are almost cubical in shape. 
Plan views for typical booths are shown in Fig. 3.0. 
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Fig. 3.1. A ‘‘team’’ of interpreters and their view of the con- 
ference. (UN photo.) 


Careful attention to acoustical treatment is required to 
minimize room resonances to insure adequate acoustic iso- 
lation, particularly between booths. 

Interpretations are listened to by means of headphones 
with single or double receivers, Fig. 3.1. Single-ear listening 
is now considered adequate for everyone except interpreters 
and the old style double headset is gradually disappearing in 
favor of simpler one-ear receivers. 

When a multiple-channel speech communications system 
is to be installed in any room, the deleterious effects of 
channel-to-channel crosstalk—electrical or air borne—is al- 
ways of concern to the designer. Electrical crosstalk is 
simple to avoid if balanced distribution circuits operating 
from low impedance sources are employed. 

Prevention of acoustical crosstalk however is not a simple 
matter, and the effectiveness of a simultaneous interpreta- 
tion system depends largely upon the thoroughness with 
which the acoustical isolation between the interpreters’ 
booths is worked out during the design stage. 

The following aspects of booth design need to be thor- 
oughly considered: 

(1) Booth resonance, reverberation time, acoustic isolation ; 
(2) Technical equipment ; 

(3) Sight lines: booth-to-booth, booth-to-room ; 

(4) Lighting, ventilation ; 

(5) Seating; 

(6) Telephonic communications, documents handling. 

In the restricted time available for this work, we can do 
little more than discuss these factors superficially. How- 
ever, the matter of room resonance is one of particular 
interest because interpreters’ booths are very much smaller 
in terms of cubic volume than any good speaking studio, 
and the “small room” effect can be very distracting to both 
interpreters and listeners alike, notwithstanding the fact 
that the proceedings from interpreters’ booths are often 
transmitted over broadcasting networks during meetings of 
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high public interest, and good speech quality is demanded. 


Room Resonance 


Lord Rayleigh predicted that any room having dimen- 
sions comparable to the wavelength of sound will behave 
somewhat in the manner of a stopped organ pipe, exhibiting 
an infinite series of resonant frequencies. The three lowest 
frequencies (or eigentones) correspond to the frequencies at 
which the length, width, or height are a half-wavelength. 

Interpreters’ booths fall into this class, the maximum 
dimension usually being around 9 feet which is a half- 
wavelength at 62.5 cycles. 

These frequencies are obtained from the expression: 


=5 (E) + (2) +(EY- 


where c = speed of sound in meters, L. = length, L, = width, 
L. = height of room in meters, and n,, ny, n, are the integers 
2 2 ewe 8 


(1) 


The first nine resonant frequencies for a rectangular 
booth 7’ & 7%’ & 9’ are given in Table 4. 


TABLE 4, The nine lowest eigentones for a 7’ X 744’ X 9 reetangu- 
th. 


lar boo 
Mode 

n, ny n, Resonant frequency (eps) 
1 0 0 62.7 7 
0 1 0 80.7 

0 0 1 75.5 

1 1 0 102.2 

0 1 1 110.3 

1 0 1 97.9 

2 0 0 125.6 

0 2 0 161.5 

0 0 2 150.7 


As will be noted from Eq. 1, these frequencies are inde- 
pendent of absorption, being determined solely from a vol- 
ume of air with finite boundaries. Introducing absorption 
however affects the amplitude of the resonant modes in a 
manner analogous to the damping of a wave train in an 
electrical oscillatory circuit by introduction of resistance. 

When excited, each resonant mode builds up pressure 
within the room and then decays at its own characteristic 
rate. If the modes differ by just a few cycles, a fraction 
of a cycle, or even if there is a one-to-one correspondence, 
mutual interaction between them takes place, the time of 
decay will be prolonged, and collapse of the acoustical field 
will be accompanied by pulsations or flutter. 

Within a given enclosure, the modes are of course in a 
quiescent state until they are excited or “driven.” When 
the frequencies in the voice correspond to the modes, the 
room is “excited” and its characteristics are imposed upon 
the voice. The effect is recognized as “tubbiness.” In a 


small room, this effect is usually more pronounced with the 
male voice than that of the female. 
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As the frequency increases, the frequency difference be- 
tween the resonant modes becomes smaller and smaller; 
eventually the modes overlap and average out to a fairly 
uniform transmission characteristic. 

An interpreters’ booth probably needs a smooth reverbera- 
tion characteristic over the range 50 to 6000 cps, but the 
optimum reverberation time is not known by the writer. 
Extrapolating from any of the published tables, however, 
seems to show that the reverberation time for a typical 
booth should perhaps not exceed 250 to 500 milliseconds. 

The total number of modes’ from the lowest frequency 
of response up to any frequency f. is given approximately 


by: A 
nv =av(~) (2) 


c 


in which V is volume, f. is greater than 4¢/V™ and c = 
1130 ft/sec. 

For a typical interpreters’ booth of V = 400 cubic feet, 
(fe) min == 613 cps. Choosing f, = 1000 cps which is well 
above minimum, and substituting in (2), there are approxi- 
mately 1108 modes up to 1000 cps and 240,000 modes up 
to 6000 cps. Thus it can be seen from Table 4 and this 
brief analysis that there are relatively few modes in the 
lower frequency regions of speech and many thousands in 
the upper regions, but the lower modes are the difficult ones 
to suppress, and unless they are suppressed the transmitted 
quality will be poor. 

Also the lower modes are more easily excited when the 
source of sound is in a corner of a room. From the stand- 
point of microphone placement, the corners are the least 
desirable location for microphones unless there is adequate 
low frequency absorption. 

Various expedients such as resonant panel absorbers, 
Helmholtz resonators, “egg crates,” “pocket” resonators, 
slotted panels, and other ingenious schemes have been used 
to moderate low frequency resonance in small rooms. 

Resonant panel absorbers are flat or curved plywood 
panels in random sizes backed by air spaces of different 
depths. Absorption coefficient per unit area may be as 
much as 0.5 at frequencies from 50 to 150 cps. 

Helmholtz resonators are cavities formed in the walls and 
covered with perforated facing. They are employed to 
absorb energy over the 90- to 300-cycle band in the small 
studios of the Scandinavian Broadcasting House, Stockholm. 
Interested readers are referred to several comprehensive 
reports in the literature.*-®:1°"™ 


7 V. Knudsen and C. Harris, op. cit., pp. 133-137. 

SV. O. Knudsen, “Resonance in Small Rooms,” J. Acoust. Soc. 
Am., 4, 20 (1932). 

*P. M. Morse and R. H. Bolt, “Sound Waves in Rooms,” Rev. 
Mod. Phys., 16, 69-150 (1944) 

10L. L. Beranek, Acoustics, (McGraw-Hill Book Co., New York, 
1954). 
11 Bulletin XV, (Acoustical Materials Association, New York, 
1955). 
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Acoustical Isolation: The Crosstalk Problem 


Interpreters’ booths are usually arranged in seriatum 
along one wall of a conference room. Access is by means 
of rear doors which open into a common connecting corri- 
dor. A typical arrangement for five “channels” of inter- 
pretation and 15 interpreters is shown in Fig. 3.0a. 

The desk-to-desk air-path attenuation between adjacent 
booths needs to be at least 45 db. This is easily obtained 
when (a) corridors are made dissipative, (b) doors of mod- 
erate weight are provided, and (c) all the doors are kept 
closed during meetings. 

However, condition (c) seldom prevails. During the 
stress of a lengthy conference, interpreters frequently wish 
to keep doors open. Interpreters give understandable rea- 
sons for this, but the indiscriminate practice of opening 
doors at will is a common, though not exclusive, source of 
channel-to-channel crosstalk. Moreover, since each of five 
doors may be in the open or closed position, the problem 
takes on some of the statistical aspects of randomness, and 
crosstalk may “gallop” from channel to channel with time. 

If it is possible to do so, consideration should be given to 
booth designs which obviate the need of doors. The effi- 
ciency of a doorless system cannot be vitiated by the envi- 
ronmental preferences of interpreters. The labyrinthian ap- 
proach, shown in Fig. 3.0b is one of the several possibilities. 
This arrangement is based upon the following facts and 
principles for the control or reduction of noise transmission 
through ducts. With respect to the propagation of sound, 
the corridor is assumed to behave as a duct. 

1. Acoustical lining increases the attenuation of sound 

traveling down a duct. 

2. The smaller the cross section of the duct, the greater 

the transmission loss per linear foot for a given lining. 

3. A rectangular duct is a more effective attenuator than 

a square one. 
4. The attenuation varies directly with duct length. 
5. The attenuation in straight sections in db/ft is: 


a = 12.6a'* P/ A, 


where P = duct perimeter (in.) 
A = duct area (in.*) 
@ = average absorption coefficient of lining. 

6. Discontinuities in cross sectional areas increase energy 

loss. 

7. The attenuation is high at 90-degree lined bends. 

If all of the sound attenuating properties of the lined 
“duct” are applied to advantage, the expected results from 
a scheme like that shown in Fig. 3b appear quite promising. 

For the purpose of an exploratory estimate, the corridor 
is assumed to have a width of 3 feet, a height of 7 feet, and 
a lining of acoustical material having an absorption coeffi- 
cient of 0.8. The calculated attenuation for straight sec- 


12H. J. Sabine, “The Absorption of Noise in Ventilating Ducts,” 
J. Acoust. Soc. Am., 12, 53 (1940), as quoted in L. L. Beranek, op. 
cit., p. 352. 
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tions of the corridor is 0.73 db/ft. There are six 90-degree 
bends between any two booths. Rough interpolation from 
published curves'* indicates that the attenuation in a single 
90-degree bend will be approximately 10 db at 150 cps and 
increases to 18 db at 5000 cps. This is for a duct of 21 
sq ft cross section and lined with material whose a is 0.8. 

Since the attenuation at the bends and corridor sections 
is presumably additive, we reach the startling but obviously 
fictitious conclusion that the total labyrinthian attenuation 
is in excess of 70 db at 150 cps and 118 db at 5000 cps! 
Since estimating is sometimes in order, we shall estimate 
that the mid-voice frequency attenuation of 600 cycles is 
about one-half the geometric mean of the lower and upper 
attenuation figures, or approximately 45 db. Rigorous 
mathematical analysis or experimental verification is, of 
course, needed here, and acoustical experts are invited to 
reflect on the problem. 

To take full advantage of the possibilities in this arrange- 
ment, the front glass of the booth should be inclined suffi- 
ciently to reflect impinging sounds of the voice toward 
central areas of the ceiling, and the desk surfaces should 
be absorptive. Horizontal strips of glass of limited area 


may be used to permit vision into the booths. The balance 
of the surfaces must be fully covered with dissipative lining. 


With respect to the remaining items in our list, we will 
conclude the discussion on Simultaneous Interpretation Sys- 
tems with the following comments drawn from experience 
and observation. 


Technical Equipment 


Headset-Microphone. From the view of interpreter com- 
fort, freedom of movement, and the technical demands of 
the system, integral assembly of headset and microphone 
appears to be the best arrangement. The technical advan- 
tage is obvious. Erratic coupling, the bane of conference 
operation, is prevented at this point. 

Headset Controls. In addition to the headphone attenua- 
tors which are commonly provided in all systems, nominal 
control over frequency response in individual headsets may 
be advisable. There is a significant connection between re- 
sponse frequency and fatigue. 


Seating 


“Posture” chairs which swivel on fixed stanchions should 
be included in new installations. These are not only noise- 
less, comfortable and maintain fixed relationships, but their 
use also facilitates improvements in desk designs which are 
otherwise not possible with non-captive chairs. 


Lighting 


Individual “strip” lights with illumination level control 


13 Bulletin XV, 
1955), pp. 351-353. 


(Acoustical Materials Association, New York, 
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for comfortable reading of documents should be provided 
for each interpreter. 


Sight Lines 


Glass partitions between adjacent booths are a functional 
necessity. All glass, front and sides, should be free of 
sectionalizing ribs. 


IV. VOTING SYSTEMS 


This last chapter will be devoted to a brief study of 
traditional voting procedures and the means for implement- 
ing them by automatic computing systems. 

The designer of any large conference room should always 
consider possible future needs for a voting system. “Push- 
button” voting systems for large conference rooms are now 
used in several countries where their use is reported to be 
highly satisfactory. When the inherent advantages of these 
systems are more widely understood, it seems likely that 
the demand for this service will increase. The provisions 
for subsequent installation are usually uncomplicated and 
relatively inexpensive to include in initial constructions if 
the need is anticipated during early stages of conference 
building design. 


Methods of Voting 


There are many variations of voting procedure under the 
parliamentary system. The better known include voting by 
“show of hands,” “standing,” “roll-call,” and “secret bal- 
lot.” In some instances an issue may be decided by a 
“shout” or “voice” vote. 

For the purpose of analysis, any method of voting may 
be considered as belonging to one of two categories which 
may be designated as “ordinal” and “cardinal” systems of 
voting. Ordinal methods are quantitative, cardinal methods 
are qualitative. 

By the ordinal method, “yea’s,” and “no’es,” and “ab- 
stentions” are counted one-by-one as discrete quantities. 
Tallies and result are arrived at by computation. Cardinal 
methods utilize the processes of correspondence. Voting 
groups signalizing “yes,” “no,” and “abstention” are com- 
pared for “bigness” when standing, or loudness when shout- 
ing. The result is arrived at by discriminate processes or 
comparative judgment. 

Cardinal methods are of course very fast. They seem to 
be a useful expedient particularly when issues are delicate 
and representatives desire no permanent record or disclosure 
of individual voting action. But cardinal methods are often 
regarded as primitive, unobjective and inordinately difficult 
to apply when voting parities are approached. Decisions 
reached by cardinal methods are frequently received with 
skepticism by representatives and public alike. Many for- 
mal organizations exclude the practice. 

Ordinal methods, though slower than cardinal, are univer- 
sally accepted as promoting objectivity. Since ordinal meth- 
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ods are governed by explicit rules and applied with repeti- 
tion and consistency, they are well suited to numeration by 
“machine” methods. The balance of this study will be 
limited to discussion of ordinal methods exclusively. 


Taking the Vote 


The growth and complexity of the present day political 
conference is one of the marked sociological phenomena of 
the last fifty-year period. Many gatherings at the state, 
national and supra-national level are now attended by votive 
bodies in excess of 80 to 400 representatives. Each repre- 
sentative may be assisted by two, three or more advisors 
and these meetings are usually public. In the U. S., for 
example, the House of Representatives had 65 voting mem- 
bers in 1789, 398 in 1910 and 435 in 1956. An increase 
occurs with every census. The number of voting members 
in many state legislatures is also considerable. 

Numeration of the vote is tedious, time consuming work. 
It is well known that to hold occurrence of error to a mini- 
mum, one needs to have experience in the technique and to 
be singularly oblivious to the distractions and tensions of the 
environment. 

To take the vote is to count-at-a-distance. While taking 
the vote, the chair must scan and track (point) three times 
over the full area occupied by representatives and advisors. 
Signaling of vote whether by show of hands or standing 
occurs in random locations. If the seating is arranged in 
some depth, as is usually the case, counting may have to be 
done along irregular “radials” from the location of the chair. 
Improved discrimination is sometimes obtained when count- 
ing is done in this manner. Pointing while counting also 
helps to sharpen the discriminating processes involved in 
visual perception, and many other techniques are employed 
to help avoid error. 


Psychological Aspects of the Voting Situation 


Numerous papers in the literature of experimental psy- 
chology show that methods of numeration which rely upon 
human faculties are also limited by them. The typical 
voting environment is a psychological situation and appar- 
ently all of the relevant laws of psychology are applicable. 

If we consider the psychological aspects of the voting 
situation in terms of certain concepts borrowed from the 
psychological sciences, the analysis may proceed along more 
logical lines: 

(a) The chairman may be considered as observer; 

(b) Raised hands, standing, shouting, or any other sig- 

nalization of vote are the stimuli; 

(c) The stimuli are perceived by observation ; 

(d) Observations are measurements ; 

(e) All measurements have some error, (errors of obser- 

vation). 

In the environmental situations considered here, many 
factors can interfere with good visual perception. The 
stimuli are often obscure, uncertain or erratic, and they may 
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be randomly dispersed or clustered. The decor, architec- 
tural properties and seating densities of a conference room 
are also known to have some influence on the perceptive 
senses. 

There is not much question that taking the vote in any 
conference relies upon an individual’s hearing, vision, abil- 
ity to count, memorize, and compute, and that it is neces- 
sary to discharge these functions with detachment, objec- 
tivity, and alacrity. But the last of these, the need for 
speedy “decisions” together with the gradual onset of fatigue 
attributable to frequent repetitions of the vote-taking rou- 
tine, taxes most of the faculties and probably accounts for 
most error. 


Errors in Voting 


Of the total error which may occur before a decision is 
announced, observational and computational errors are the 
components. While it is beyond the scope of this study to 
analyze these in more detail, it is well known that in a 
series of trials, some observers tend to make negative errors, 
some positive, and the majority, negligible errors according 
to the well known Gaussian or probability distribution. This 
statistical phenomenon may be substantiated by environ- 
mental simulation testing using a blackboard with randomly 
located chalk marks as stimuli to check the accuracy of 
count by individual observers against time as the independ- 
ent variable. 

The most significant aspects of such testing would em- 
phasize the main point of interest. Given unlimited time, 
all observers would probably get perfect scores. But as 
limitations of time are imposed, perfect scores will give way 
to positive and negative errors and some may be surprisingly 
large. We can only conclude that it takes time to get 
accurate results. And in a large conference. time is synon- 
ymous with expense. 


The Significance of Error 


Accuracy in vote-taking may be defined as the degree of 
correspondence between the conclusion reached by the ob- 
server and the objective facts of the situation. While it is 
certain that errors are always conscientiously avoided, it is 
likewise true that they are not always of much consequence 
even if they do. 

Parity in voting is the critical ratio (equality, simple 
majority, two-thirds majority, etc.) which decides the vote. 
Thus parity may be even or odd according to rules in effect. 

The significance of a given error in numeration depends 
upon its relation to the objective or true ratio of the “pro’s” 
and “con’s” which exists during a vote. When the objective 
ratio approaches a critical ratio (or parity), a small error, 
if undetected, may result in a false decision. The same 
degree of error would be of diminishing importance, so far 
as decisions are concerned, when the objective ratio of votes 
deviates substantially from the critical ratio. 

In view of this state of affairs, it is apparent that the 
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permissible error is actually a function of the ratio of the 
contending votes. When the objective ratio is close to 
parity, the “chair” has the responsibility of consistently 
attaining zero or negligible error. In other situations, some 
relaxation is possible as a relatively large error may occur 
without affecting the validity of the decision. This is the 
familiar “tolerance” at work here as it is in all fields of 
measurement based upon observation. 


A Specimen Voting Procedure. Arithmetic of Voting 


Decisions on each vote whether reached by human or 
automatic means, must be made in terms of the prevailing 
voting rules for the assembly. Hence to determine the 
simplest special-purpose computer needed to do the job, all 
of the rules of procedure for voting must first be reduced 
to their equivalent mathematical form. Once this is done, 
it is then a matter of inspection to see how the arithmetical 
operations, normally carried out by pencil and paper meth- 
ods, may be changed into forms better adapted to machine 
operations. Such transformations are useful as they help 
to organize features of the system and facilitate communica- 
tions with suppliers of computing equipment. 

This will become clearer by considering the following 
specimen rules and the almost trivial algebraic expressions 
which are derived from them. These rules are typical and 
were abstracted from the manual of procedure of an inter- 
national deliberative body. 


Voting 

Each member of the assembly shall have 
one vote. 

Decisions of the assembly on important 
questions shall be made by a two- 
thirds majority of members present 
and voting. 

If a vote is equally divided on matters 
other than elections, the proposal 
shall be rejected. 

The phrase “members present and vot- 
ing” means members casting an af- 
firmative or negative vote. Members 
abstaining from voting are considered 
as not voting. 


Voting rights. 


Major questions. 


Equally divided 
votes. 


Members present 
and voting. 


In that which follows, let: 


a = “yes” votes. 
b= “no” votes. 

c = “abstentions.” 
d=—a-+b. 


=a procedural coefficient (or critical ratio). For 
the specimen rules, & takes on one of two values. 
For minor questions, k = %, for major ques- 
tions, k = %. 
The vote is resolved by determining whether a is greater 
than, equal to, or less than the product of the procedural 
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coefficient & times the sum of the “yes” and “no” votes, d. 
That is, the general expression, 


> 
a= kd (1) 
< 


contains all of the implications necessary for voting, under 
the specimen rules. 


When the two-thirds rule prevails, k = 24 and, 


if a = kd, the vote is carried, (2) 
or if a < kd, the vote is not carried. (3) 
When the simple majority rule prevails, = “% and, 
if a > kd, the vote is carried, (4) 
or if a = kd, the vote is not carried. (5) 
If an equally divided vote occurs, 
a = kd, the vote is not carried. (6) 


The number of abstentions (c) does not appear in the 
above expressions because the specimen rules exclude them 
as factors in resolving the vote. However, abstentions are 
always announced, and a computer must simply tally “c” 
during every vote and display the sum independently along 
with other information desired. 

It is now convenient to arrange the specimen rules into 
a “truth” table of sorts. The table gives the six possible 
mathematical situations which may arise when votes are 
taken. 


Voting Functions in Terms of Specimen Rules 


kin effect Voting situation Decision 
% a>hkd Carried 
% a=kd Carried 
As a<kd Not carried 
y, a>kd Carried 
Y a<kd Not carried 
A a=kd Not carried 


The expressions under “voting situation” are conditional 
inequalities. It will be recalled that any inequality is un- 
changed in sense (direction of sign) when both sides of the 
expression are multiplied or divided by the same number.$ 
By applying this axiom and substituting in any of the above 
expressions, we easily get a form of computation in which 
the vote is decided simply by comparison of sums. 

Consider, for example, the first three voting situations 
when rule k = % is in effect. By substituting for &, mul- 
tiplying each side of the expression by 3 and expanding the 
literal factors, these conditionals now take the form; 


at+a+a>a+a+b+5 (carried) (7) 
at+at+a=a+a+b+45 (carried) (8) 
at+at+a<a+a+b+5 (not carried). (S) 


Expressions (7) (8) (9) are now in their simplest sym- 
bolic form and are the sensing (comparison) routines which 


§ Proof of this may be found in any college algebra. 
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a computer must perform each time a vote is taken under 
the k = % rule. 


Similarly, the three possibilities, 


a+a>a+b (carried) (10) 
a+a< a+b (notcarried) (11) 
a+az=a+b5 (notcarried) (12) 


are the sensing routines each time a vote is taken under the 
k= % rule. 

The conditionals (7 through 12) are instructional com- 
mands which would become part of the permanent stored 
program in the computer’s control system. Stated as com- 
mands, using the k — % rule as example, the routines are 
roughly interpreted as follows: 


1. Take the sum a + a + a and store in computer (mem- 
ory) location X. 

2. Take the sum a + a+ 5+ 5b and store in location Y. 

3. Compare the sum stored in X with the sum stored in 
Y and display a decision based upon instructions im- 
plied in the signs. 


An electronic system will go through steps 1 through 3 
within a fraction of a second after the chair operates a 
“readout” button. 

Having defined the voting functions of a computer in 
terms of specimen rules, and knowing that the arithmetic 
operations of the computer will be essentially limited to 
those of taking and comparing sums, it is now possible to 
roughly visualize the overall organization of a computer for 
voting. 

Before doing so, however, a little time will be devoted 
to the binary system of numeration which is employed in 
almost all modern digital computer systems. Most digital 
computers are designed to take their information in decimal 
form, convert decimal form to binary, compute in binary, 
and deliver the result in decimal. A special purpose digital 
computer for voting will take its information in binary 
form, compute in binary, and deliver the result in decimal. 


Binary System 

In the decimal system there are ten digits (symbols) and we of 
course recognize them as 0, 1, 2, 3, . . ., 9, and truly understand 
their significance. The ten digits represent collections. 

In the binary system there are but two digit symbols, 0 and 1. 
But these symbols may be employed alternatively to represent col- 
lections or states. A common household switch employs binary 
function. It is either off or on, open or closed. It thus has two, 
and only two, states to which we may arbitrarily assign the symbols 
0 or 1 as convenience dictates. 

A representative may be unaware that he casts his vote in binary 
fashion. Given the option of three buttons to push: A (yes), B (no), 
C (abstention), he will press one of them to signalize his vote. If 
the symbol / represents the depressed state, and the vote is “yes”, 
the three push buttons, A, B, C, will be momentarily in states 1, 0, 0, 
respectively. 

Two-state systems are said to operate with the base 2. The term 
radix 2, often encountered in computer jargon, means the same thing. 

Starting with the four digits 0000 in decimal notation, any number 
up to 9999 may be formed by placing one of ten decimal symbols 
in each of four places. This of course is positional notation since 
9 in the first position to the left means 9 X 1000, 9 in the second 
position means 9 X 100 and so on. 


D. D. JONES 


Hence the sum may also be written in four terms: 


9X 10° +9 X 10°+ 9 X 10°+ 9 X 10°= 
9000 + 900 + 90+ 9 = 9999. 


The identical concept applies to the formation of sums in binary 
notation. But the choice of symbols for the coefficient of each power 
is limited to 0 or 1 as this is a two-state system, thus: 


1X 241 241X 241X 2%=84-44241=15, 


but since the base 2 is understood (as is the base 10 in decimal nota- 
tion), and each position in the expansion corresponds to descending 
powers of 2, the number 15 is simply written as 1111 when it is 
converted to binary form to the base 2. 

From the above it is now apparent that four-position notation in 
the decimal form can get us numbers up to 9999 but four positions 
in binary to the base 2 can go no higher than 15. To reach a num- 
ber like 9999 in binary, 14 position notation is required and one 
glance at the following will make anyone appreciate the economy of 
space afforded by the decimal system; 


1X 2% +0 X 28+0 X 27+1 X 2"+1 X 2°+1 X 2° 
+0 X 27+0 X 2?+0 X 22+ 0 X 2*+-1 XK 2° +1 X 2? 
+1X 2*+1 X 22=10011100001111= 9999. 


But what binary lacks in compactness of notation is more than 
offset by the speeds and reliability possible when it is employed in 
electronic circuits. The two states, 0 and 1, are the entire computer 
alphabet. From combinations of these symbols fed through the 
computer in certain sequences, all numbers, commands and instruc- 
tions are formed. The symbols 0 and 1, for example, may be con- 
verted into voltage changes corresponding to pulse or no pulse, and 
these pulses march through the computer at rates which can exceed 
500,000 or more per second. A computer would “hear” number 15, 
for example, as pulse-pulse-pulse-pulse (1111) and the “listening” 
duration would be a few millionths of a second. The four pulses 
are a “word” and each pulse (1) or its absence (0) is a “bit.” In 
the broad sense, any computer is a pulse actuated system. 


Conversions. Decimal-to-Binary, Binary-to-Decimal. 
For any given number: 


1. Determine the highest power of 2 which is equal to or less than 
the given number. Assign symbol / to this power and subtract 
this power from the given number to get a first residue (or, if 
any, remainder). 

2. Select the next highest power which is equal to or less than the 
first residue. Assign symbol / and subtract this power from the 
first residue to get a second residue (if any). 

3. Continue this process until the residue is zero. Assign symbol 0 
against all unused powers. 

To check results or convert binary notation to decimal: 

Add the numerical value of all powers to which symbol / is 
assigned. The sum will be equal to the given decimal number 
or the number sought. 

The following tabulation is a sampling of binary digit notation for 

four decimal numbers. The “word” length is fourteen digits. 


Digit 

position a” 2 9999 999 99 9 
14 13 8192 1 0 0 0 
13 12 4096 0 ) 0 0 
12 11 2048 0 0) 0 0 
11 10 1024 1 0 0 0 
10 9 512 1 1 ) 0 
9 8 256 1 1 0 0 

8 7 128 0 1 0 0 

7 6 64 0 1 1 0 

6 5 32 0 1 1 0 

5 4 16 0 0 0 0 

4 3 8 1 0 0 1 

3 2 4 1 1 0 0 

2 1 2 1 1 1 0 

1 0 1 1 1 1 1 
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Elements of Voting System 


The functional elements of a system for voting are: (1) 
Input, (2) Arithmetic, (3) Control, and (4) Output. The 
elements may be considered more or less independently. 

(1) Input. The Input section collects and temporarily 
stores information for resolving the vote. The physical 
equipment comprises m groups of push buttons A, B, C, 
connected to an electronic “memory.” The push buttons 
are the input variables to the system. Any push button 
may be pressed to the (7) state or released to the (0) state 
according to the nature of the vote. The state of each vari- 
able is temporarily stored in the “memory” until the arith- 
metic section is triggered to add them and resolve the vote. 

(2) Arithmetic. The arithmetic section performs inde- 
pendent summations of “yes,” and “no,” and “abstention” 
and the logical operations on the “yes” and “no” summa- 
tions to resolve the vote. It does this by electronically 
reading out the sense or state of each “bit” of information 
temporarily stored in the input memory. Summation of 
“ves,” “no,” and “abstention” information in pulse form 
is accomplished simultaneously by three electronic counters. 
Each counter receives its information in sequential or serial 
form. The serialized pulses to each counter are taken from 
the input memory by means of electronic scanners. In 
effect, the electronic scanners convert the stored pulses from 
latent magnetic “images” to real electrical pulses. 

(3) Control. The control section directs operation of the 
system. It contains: (a) a permanently stored program of 
instructional commands; (b) operating controls; (c) a pulse 
and timing generators. The permanently stored program 
contains “words” of pulse information in binary form for 
automatic sequencing of operations and resolution of the 
vote in terms of the algebraic rules previously defined. The 
operating controls include those necessary to: reset the sys- 
tem, start the voting cycle, select the “k” rule, and activate 
the summary punch and wall display if such are used. 

The control section may or may not be in one physical 
unit, but it, of course, includes an operating desk type unit 
for the “chair” or clerk of the assembly. Hence the pulse 
and timing generation equipment may be located remotely 
together with other parts of the system. 

The desk unit should be provided with “yes,” “no,” and 
“abstention” vote action indicator lamps for each one of n 
voting positions. A means for extinguishing the lamps dur- 
ing the “secret” vote is necessary. 

(4) Output. The output facilities display the trend and 
results of voting. A typical read-out unit will consist of 
three three-digit displays, one each for summations “yes,” 
“no,” “abstention,” “carry” and “not carry” indicators and 
vote action indicators for m voting positions. 

As previously mentioned, a small read-out unit is also an 
integral part of the operating desk unit. Where rooms are 
large or representatives specifically wish to observe trends 
during voting interval, it is also customary to install a 
clearly visible display for the assembly which contains all 
read-out information appearing on the desk unit. 


For secret vote or balloting, the wall display may be 
disabled by a switch on the control unit. Otherwise all 
actions of the input variables appear simultaneously on the 
control unit read-out and wall display during the voting 
interval. An electro-mechanical summary punch is also part 
of the output system and it preserves all or any part of the 
vote information for archives records. 

Self-illuminated wall type displays are constructed either 
in the form of a rectilinear array or a simulated floor plan. 
The former consists of columns of varied-colored lights in 
vertical columns, identified with voting seat numbers, while 
the latter provides the same information in a layout pattern 
conforming somewhat to the seating geometry. The latter 
style is more dramatic, occupies more space, costs more 
money and is probably less convenient to use and maintain 
than the more prosaic rectilinear style. 


A Preferred Mode of Operation 


A cycle of operation comprises two phases: (1) The 
Voting Interval, (2) Read-out Display of the Resolved Vote. 
Phase 1. 

(a) The voting interval commences when the “chair” 
resets the system and announces that voting will 
begin. 

(b) Duration of the voting interval is adjustable and 
automatically timed, perhaps 30 seconds. 

(c) During the voting interval, representatives initiate a 
positive action to signify “yes,” “no,” or “absten- 
tion” by momentarily pressing one of three non- 
locking push buttons A, B or C. If any number of 
mn groups of input variables A, B, C remain in the 
000 state, the system acts upon them as “absent” 
members. 

(d) During the voting interval, the vote action may be 
alternated as often as desired. The final vote action 
is the only one acted upon by the system. 

Phase 2. 

(a) Upon expiration of the timed voting interval, the 
chair will press a “read-out” button as soon as it is 
convenient to do so. Display of the resolved vote 
is instantaneous. 

(b) Operation of the reset button extinguishes the read- 
out display and recycles the system. 


Suggested Technical Features of a System for Voting 


The suggested features of a system which provides for 
the desired mode of operation are shown in Fig. 4.0. A sys- 
tem of this type has no theoretical limit to the number of 
seats which may be equipped for voting and expansions are 
always possible. 


The Input Memory 


Early voting systems utilized electromechanical relays 
such as those used in automatic telephony to provide tem- 
porary storage of input information. 
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Magnetic cores of nickel-iron alloy, having “square” 
hysteresis loop may now be used for the same functions. 
Such cores are bi-stable (two-state) elements and they are 
solely reliable and maintenance free. Magnetic cores have 
found wide application in computer memory, switching, and 
data processing circuits where microsecond pulses expressed 
in binary codes are circulated through the systems. These 
cores are miniature ferrites of toroidal shape. They have 
magnetization characteristics which resemble a rectangle; 
this is why they are often referred to as “square” or “rec- 
tangular” cores. 


The comparative magnetization characteristics of “square” cores 
and ordinary iron will be understood by reference to Figs. 4.1la and 
4.1b. When ordinary iron is subjected to an applied alternating 
field + H, the magnetization flux density B in the iron has a char- 
acteristic taking the general form of an open letter S. With the iron 
initially unmagnetized, B = 0 but when an applied field H is initiated 
in the positive direction, a state of saturation flux density (B,) is 
reached gradually because of the relatively low slope. Removal of the 
exciting field (+H) leaves the iron in a state of positive remanent 
flux (+B,) considerably below the saturation flux level. 

By reversing the direction of the applied field and increasing it in 
the direction of (—H), the iron is gradually driven to the negative 


Fic. 4.0. Suggested features for a voting system. 


saturation flux density (-—B,). Removing the field after negative 
saturation is reached will leave the iron in a state of negative rema- 
nent flux (-B,). 

Now ferrite cores respond to changes in applied fields in the same 
manner as iron. But the curious properties of the material result 
in a rectangular magnetization characteristic, as shown in Fig. 4.1b. 
After initial magnetization, which takes the core from B=0O to a 
positive or negative saturation density level (B, or —B,), removal of 
the exciting field leaves the core in remanent states +B, or —B, at 
levels almost equal to the saturation levels. The core is said to be 
set in the plus or minus B, state. Once set, further changes in the 
polarity of the flux cannot occur until the magnetizing force H is 
reversed and exceeds critical amplitudes noted as H. or —H- on the 
diagram. 

The reversals of flux with changes in field exceeding the critical 
amplitudes are so abrupt that the change of state may be considered 
instantaneous. 

It is this switch-like operating phenomenon, the ability to “flip” 
rather than “glide” from state to state and the high remanence levels, 
that make the core ferrite so useful as a bi-stable element in pulse 
circuits. H-. and —H, are known as “switching thresholds.” Cores 
set to the plus or minus B, conditions are said to be in the (1) state 
or (0) state respectively. During operation the cores cannot remain 
in any intermediate state. 

The magnetization field for ferrite cores is established by running 
wires with perhaps a few turns through them. The cores are available 
in fractional sizes, usually about 0.080 inch o.d., 0.050 inch i.d.. and 
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0.025 inch thick. Each core stores indefinitely a bit of information 
in the (2) or (0) state. 

Since there are three input variables (A,B,C) for each 
seat in a voting system, the total number of cores required 
for an input memory is 3N where N = the number of seats 
equipped for voting. 

A voting system installation for say 100 voting members 
requires 300 cores for the input memory and each one may 
be set into the (7) or (0) state according to the vote. The 
cores may be arranged in bit plane arrays or matrices. 

A paper by Owens™ shows the general method of using 
an array of ferrite cores wired for memory in which each 
“bit” of information may be read out in sequence. A sec- 
tion of the array is shown in Fig. 4.2. 

To illustrate the application considered here, each core of 
an array is associated with common push buttons at a num- 
ber of voting positions. We will identify the push buttons 
as A;, As, As, Ay... An 

Any core or cores in the group can be “flipped” exclusive 
of all others by dividing the current (/,) needed to develop 
the critical magnetizing force H, between two intersecting 
wires. Each wire carries one half the current necessary to 
reach or exceed H, levels. This is known as the double- 
coincident method of “writing” input information. 


Scan, Count, Compare 


The information stored in the cores is then scanned and 
read out by transmitting unidirectional half-current pulses 


(a) Fe (b) MgMo 


Fig. 4.1. Comparative hysteresis characteristics: Iron and fer- 
rite materials. 


14C, D. Owens, “A Survey of the Properties and Applications of 
Ferrites Below Microwave Frequencies,” Proc. IRE, 44, 1234-1248 
(1956). 


Fic. 4.2. Double coincident magnetic core memory. 


to the cores through their intersecting wires in proper time 
sequence and noting, by the induced pulses, in the read-out 
winding, which cores give a flux reversal. 

Since all cores are initially set to the (0) state before the 
vote, the read-out half-current pulses are of that polarity 
needed to get flux reversals only from the (1) state cores. 


The sum of reversals from the (1) state (A) cores is the 
aggregate “yes” vote. 

“Yes,” “No,” and “Abstention” cores are wired in inde- 
pendent arrays. Hence the three summation channels, con- 
sisting of scanners, pulse counters, sensing circuit, and three- 
digit pulse-actuated read-out displays of Fig. 4.0 function 
simultaneously at the instant the read-out button is pressed. 


Mal-operation of Voters’ Push-Buttons 


It was stated earlier that certain states of the input vari- 
ables correspond to normal functions, but there are also 
others that do not. In a binary system where n, the num- 
ber of input variables, — 3, there are 2" or 8 combinations. 
Four of the combinations are correct or true and four are 
incorrect or false. 

The system must be arranged so that the ABC codes, 100 
(yes), 010 (no), 001 (abstention) appear on lines to the 
summation channels, and all other combinations (except 
000, absent) operate an alarm lamp at the chairman’s con- 
trol unit to identify the seat or seats where mal-operation 
occurs. 

The expected occurrence of mal-operation is negligible, 
but no system would be considered fool-proof without safe- 
guards against erroneous operation. 

An explicit listing of combinations defines all the input 
conditions possible: 
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True ABC = yes 

True ABC no 

True ABC abstention 

True ABC absent 

False 111 ABC operates mal-op, lamp 
False 110 = ABC 

False 011 = ABC 

False 101 = ABC = 


The third column states the condition in Boolean nota- 
tion which we introduce here as it is cogent to the topic 
and simplifies explanation of the associated circuits. 

A letter in Boolean notation corresponds to a logical proposition 
and a letter may be “true” or “false” (not an opinion) corresponding 
to the 7 state or 0 state, respectively. x = 

For a given letter, the “truth” conditions take the form A or A, 
meaning A or not-A. Accordingly, A=1, A= 0. 

A “sum” of letters, A + B+ C, represents the proposition A or B 
or C and has the meaning that if either A or B or C are true, then 
the output of the circuit will be true, otherwise the output will be 
false. The significance of addition corresponds to that of a parallel 
circuit with two or more contacts. 

A “product,” ABC represents the proposition A and B and C and 
means that the output will be true only when A and B and C are 
all true, otherwise the output will be false. The operation of “mul- 
tiplication” corresponds to a series circuit of two or more contacts. 

Computer systems and electrical networks consist of nu- 


merous “and” and “or” circuits to perform specific func- 
tions. 

Operation of the “mal-operation” alarm circuit will now 
be understood by reference to Fig. 4.0. Three and circuits 
are connected through one or circuit to an alarm lamp. If 


any one of the four “false” conditions shown in the preced- 
ing list should occur, a pulse (1) appears at the output of 
the respective and circuit. Since the output of all and cir- 
cuits goes through an or circuit, a pulse from any of them 
will operate an alarm light. 


Alternation of Vote 


It was stated earlier under “Preferred Mode of Opera- 
tion” that alternation of vote must be possible during the 
voting interval. This means that once an A, B or C button 
is pressed the corresponding core is set to the / state, opera- 
tion of an alternate button must automatically reset the 
first core to 0, and set the second to 1, and so on. 

This is the function of the sequence responsive circuit 
shown in Fig. 4.0. As indicated, three transmission “gate” 
circuits are employed to trigger a reset current source to 
selected groups of cores during a time established by an 
input control signal. The control signal voltage for each 
gate is obtained from the input variable A, B, or C with 
which it is associated. Therefore, operation of input A 
button puts reset current through cores B and C. Operation 
of input B button puts reset current through cores A and 
C, etc. 


The circuit appears feasible because the cores will switch 
states within a few millionths of a second while duration of 
a manually pulsed input button can hardly be less than 5 
to 15 milliseconds. 


Systems in Use 


Chambers equipped with voting systems are widely scat- 
tered geographically. A significant increase in their num- 
bers has been noted in recent years. Voting systems are 
installed in the Belgian Senate, the Belgian House of Rep- 
resentatives, the Finnish and Swedish Legislatures, the 
Detroit City Council Building, the Louisiana State Legisla- 
ture and a number of other state legislatures in the United 
States. 

Installations have been made by the International Busi- 
ness Machines Co., L. M. Ericsson Co., Sweden, Bell Tele- 
phone Manufacturing Co., Antwerp, et al. 
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Acoustical Aspects of a Speech Communication System 
Designed for Operation in High Level Ambient Noise* 


Roy G. Ktumpp AND JoHN C. WEBSTER 


Psychophysics Branch, Human Factors Division 
U. S. Navy Electronics Laboratory 
San Diego 52, California 


A two-way radio system for the flight deck of aircraft carriers has been developed by the 


Navy Electronics Laboratory. 


The system connects mobile deck personnel wearing helmet trans- 
ceivers with two control centers located in the island structure. 


Because of the high noise levels 


in which the helmet transceivers had to operate, special attention was given to noise exclusion and 


speech processing techniques. 


This paper presents: (1) speech processing techniques specified for 


the system, (2) performance of the acoustical components used in the helmet transceivers, and 
(3) results of an operational evaluation of the system as installed aboard an aircraft carrier. 

The evaluation indicated that talkers and listeners could communicate effectively in jet aircraft 
noise up to 130 db SPL and that users of the system were well satisfied with the noise exclusion 


and speech intelligibility. 


INTRODUCTION 


r 1956 the Auditory Detection and Communication Sec- 

tion of the Navy Electronics Laboratory was given the 
task of specifying the speech processing techniques and 
acoustic components to be used in a Flight Deck Commu- 
nications System. The objective of this system was to pro- 
vide voice communications between certain mobile personnel 
on the flight deck and officers in the island structure of 
aircraft carriers. Observations aboard a number of carriers 
indicated that to be fully effective the system should pro- 
vide reliable speech communication with talker, or listener, 
or both, in ambient noises up to 130 db SPL. This paper 
will report on the speech processing techniques and acoustic 
components used in the NEL Flight Deck Communications 
System which was evaluated aboard the aircraft, carrier 
USS Lexington, CVA-16, in June 1958. 


DESCRIPTION OF THE NEL FLIGHT DECK 
COMMUNICATIONS SYSTEM 


Figure 1 presents a simplified diagram of the communica- 
tion system. It consists of a fixed transmitter and receiver 
with control units in two information and control centers, 
namely, Primary Flight Control located high above the 
flight deck and Flight Deck Control located in the forward 


* Preliminary version delivered before the Sixth Annual West Coast 
Convention of the Audio Engineering Society, Feb. 28, 1958. 

(Fig. 2 and the photographs of the authors are official U. S. Navy 
photographs.) 
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part of the island structure at flight deck level, and a num- 
ber of battery powered, transistorized transceivers worn by 
people who rove the flight deck. The system is basically a 
party line circuit, i.e., each station can talk to every other 
station and every message on the circuit is heard by all 
other stations. Priority control is provided so that crash 
alarms and messages from Primary Flight and Flight Deck 
Control usurp control from helmet transceivers. Figure 2 is 
a picture of helmet transceivers worn by crew members of 
the Lexington. 


DESIGN FACTORS 


The goal was to specify speech processing techniques for 
providing at least 90 percent message content intelligibility 
between talkers and listeners roving the deck in 135 db jet 
aircraft noise. This was to be accomplished with speech 
levels at the ear adequate for intelligibility but not so high 
as to cause discomfort or damage to hearing. In addition, 
the user’s ears had to be protected from ambient noise and 
the speech signal he heard had to be free enough from dis- 
tortion and noise to permit identification of the talker by 
voice quality. 

To keep the users completely mobile and free of encum- 
brances the communications helmet shown in Fig. 2 was 
settled on as the vehicle for the transceiver. Since the 
transceiver was to be worn on top of the head, the weight 
and size of all components had to be minimized and cir- 
cuitry had to be kept simple to reduce construction and 
maintenance problems. 
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Fig. 1. Simplified diagram of the NEL Flight Deck Communiea- 
tion System. 


DETERMINANTS OF SPEECH INTELLIGIBILITY 


Speech intelligibility is determined primarily by speech- 
to-noise ratio (S/N) and bandwidth. Figure 3 shows the 
general relationships among S/N, bandwidth, and percent 
(phonetically-balanced) words correct.' A S/N of 30 db 
over the full 200-6100 cps band will give close to 100 per- 


Fic. 2. Helmet transceivers worn by crew members of USS Lex- 
ington. (Official Photograph, U. 8. Navy.) 


1 The generally accepted way of evaluating the speech intelligibility 
of a communication system is to have standard test material read into 
the system by a group of talkers. Listeners then write down what 
they think the talkers said. The agreement between what the lis- 
teners write down and what the talkers said, expressed as percent 
correct, is an index of the speech intelligibility of the system. The 
standard speech materials most often used are the phonetically- 
balanced (PB) monosyllabic word lists [see J. P. Egan, “Articulation 
testing methods,” Laryngoscope, 58, 955-991 (1948)]. However for 
the intelligibility tests reported in this paper, Rhyme word lists [see 
G. Fairbanks, “Test of phonetic differentiation: The Rhyme Test,” 
J. Acoust. Soc. Am., 30, 596-600 (1958)] were used to reduce test 
time in the laboratory and aboard the aircraft carrier. A list of 
Rhyme words can be run in approximately half the time required for 
an equivalent set of PB words. For the NEL radio system, a Rhyme 
word score of 85 percent or better is equivalent to 95-100 percent 
intelligibility for the military phrases transmitted to and from the 
flight deck of carriers. 


cent intelligibility with most speech materials. Within lim- 
its, S/N can be traded for bandwidth; note that 84 percent 
of the words can be heard correctly for a S/N of 30 db and 
a pass-band of 1000-2820 cps, or for a S/N of 20 db and a 
pass-band of 200-6100 cps. 

The speech-to-noise ratio that limits intelligibility is the 
S/N at the ear of the listener. Noise anywhere in the sys- 
tem, entering the microphone with the voice, electrical 
noise, or noise leaking through the listener’s earmuffs, will 
reduce intelligibility. If the talker and listener are both in 
135 db noise, maintaining a good S/N at the ear of the 
listener will be a problem and this dictates that the widest 
bandwidth be used, namely 200-6100 cps. 

To maintain a satisfactory speech-to-noise ratio at the 
input of a communication system operated in noise, it is 
necessary that the talker increase his vocal output as the 
ambient noise around him increases. Preliminary tests in 
noise, with talkers using noise-shielded microphones and 
wearing muffs over earphones, indicated that the level 
at which the talker hears his own voice has considerable 
effect on his vocal output. Results for a single talker pre- 
sented in Fig. 4 show that maximum vocal output was ob- 
tained when no sidetone (speech signal from the talker’s 
microphone, amplified and fed back into the talker’s ear- 
phones) was provided. As sidetone level was increased, the 
talker reduced his vocal output. Tests with several talkers 
showed that the intelligibility of speech from talkers in 
noise did not change significantly as sidetone level was 
varied except when sidetone was 10 db over the preferred 
level. With more than the preferred amount of sidetone, 
talkers reduced their vocal output, the S/N dropped, and 
intelligibility was adversely affected. Apparently for less 
than preferred amounts of sidetone, gains in speech-to-noise 
ratios counterbalance any distortion incurred as the talker 
approaches maximum vocal effort. Since the absence of side- 


Percent Words Correct 
$s§& S388 8 


—- WN 
o oO 


00 200 300 500 


Fic. 3. Relationships among speech-to-noise ratio, bandwidth, 
and word intelligibility. 
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SPL of Ambient Jet Noise at Talker Position 


Fig. 4. Effect of sidetone on vocal output. 


tone produced speech as intelligible as any of the other 
sidetone conditions; and since the absence of sidetone sim- 
plified circuit design, no sidetone was specified for the 
helmet transceivers. 

If the speech is well above the noise in the received and 
rectified radio frequency signal, the speech should be intelli- 
gible if the ambient noise leaking through the ear muffs 
does not mask out the speech signal from the earphones. 
It would appear that if too much of this noise leaks to the 
listener’s ears, a satisfactory S/N could be preserved by 
merely increasing the amplitude of the speech signal from 
the earphones. Several factors limit the practicality of this 
solution. The principal factor is comfort; people do not 
like extremely loud sounds, whether they be speech or 
noise. A second factor is safety; loud sounds can and do 
cause hearing losses if listened to over prolonged periods. 
Thirdly, the fact that the portable helmets were to be bat- 
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Fic. 5. Preferred, maximum, and minimum listening levels in 
noise, 


tery powered imposed restrictions on the amount of power 
available to drive the earphones. 

To circumvent these limitations the following solutions 
were used: 

1) A noise-actuated automatic volume control (AVC) 
was used on the transceiver so that the voice level in the 
earphones would always be at a comfortable and intelligible 
level relative to the ambient noise background. A small 
microphone mounted within the metal shell enclosing the 
transceiver provided the noise signal activating the AVC 
circuit. Use of the AVC circuit had the additional advan- 
tage of simplifying the system from the user’s standpoint 
by eliminating a manual volume control. The design of 
the AVC circuit was based on the data shown in Fig. 5. 
For the curves shown in Fig. 5, a group of listeners wearing 
earmuffs over earphones adjusted the speech level from their 
earphones to three criteria: maximum level they would 
tolerate, level preferred, and minimum level for 80-90 per- 
cent intelligibility. 


Mean Speech Peak to Noise Peak Ratio in DB 
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Fig. 6. Performance of helmet microphone in noise. 


2) Peak clipping of up to 12 db was specified for use at 
the highest listening levels. This amount of clipping has 
a negligible effect on speech intelligibility and does not 
destroy voice quality but does protect the listener’s ears 
from uncomfortable and potentially deafening speech peaks. 

3) A maximum of 200 milliwatts audio power to the pair 
of earphones in each helmet was specified. With the ear- 
phones selected for the helmets this amount of power pro- 
duces speech of approximately 120 db SPL as measured in 
a 6 cc coupler. 
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Fig. 7. Attenuation charaeteristies of helmet ear muffs. ~ 


To preserve voice quality, minimum distortion (excluding 
peak clipping at the maximum level to the earphones) and 
flat frequency response were specified for the audio circuits. 

In summary, the speech processing specifications were: 
(1) bandwidth of 200-6100 cps; (2) no sidetone; (3) AVC 
circuit to conform in general to preferred listening level as 
shown in Fig. 5; (4) peak clipping of 12 db at maximum 
power to the earphones; (5) maximum power of 200 milli- 
watts to the earphones in a helmet; and (6) flat frequency 
response and minimum distortion in the audio circuitry. 


ACOUSTIC COMPONENTS 


Selection of the acoustic components, microphone and 
earphones in noise shielding muffs, was goverened by four 
considerations: (1) commercial availability; (2) comfort, 
durability. and light weight; (3) would they meet the re- 
quirements listed in the section on speech processing tech- 
niques; and (4) would they deliver intelligible speech from 
talker to listener when both were in jet aircraft noise of 
135 db? Investigations were made at NEL using ear mi- 
crophones and contact microphones but these were dropped 
from consideration because of difficulties in securing intelli- 
gible speech at noise levels above 120 db. The RCA M-55 
(dynamic, noise-cancelling) microphone in a rubber noise 
shield was chosen since it gave the best performance of 
commercially available items tested. Performance of this 
combination is shown in Fig. 6 which shows SPL of am- 
bient jet noise vs: (1) in the upper curve, intelligibility of 
Rhyme words (talker in noise, listeners in quiet), and (2) 
in the lower curve, speech peak to noise peak ratio. Mili- 
tary phrases like those used on the flight deck were 100 
percent intelligible at these levels. Figure 6 shows that 
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even when the noise level is 135 db around the talker, the 
microphone and shield give very adequate scores. 

The RCA H-158 earphone and muff combination was 
chosen to deliver speech to the listener’s ears. The muff 
utilizes a doughnut filled with liquid to effect a good seal 
around the ear. The earphone is similar to the AIC-10 
earphone (H-79) except that it is smaller, lighter, and 
more efficient. 

Figure 7 shows the attenuation characteristics of the muff 
and earphone combination as installed in the transceiver 
helmet. Placing the muffs over a canvas helmet that has 
latex impregnated in the fabric around the earhole cutout 
does not appreciably change the attenuation provided by 
the muffs. 

The upper curve of Fig. 8 shows the performance of the 
earphone and muff when fed with a speech signal of the 
following specifications: 200-6100 cps bandwidth, 12 db 
peak clipping at maximum input to the earphones, flat fre- 
quency response of the audio circuitry, power to the ear- 
phones changing at a rate like that shown in the center 
curve of Fig. 5, and S/N of 30 db or greater. The talker 
was in quiet and the listeners were in noise as specified on 
the abscissa. 

The lower curve of Fig. 8 shows the performance of both 
microphone and earphone when both talker and listener are 
in noise. The speech processing was the same as men- 
tioned in the preceding paragraph except that two condi- 
tions of clipping were employed; none and 12 db peak 
clipping at maximum power to the phones. Note that clip- 
ping adds to intelligibility in high level ambient noise. This 
is because of the 200 milliwatt limitation. Without clip- 
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Fig. 8. Performance of helmet microphone and earphone in noise, 
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ping, 200 milliwatts does not provide enough level at the the system was very satisfactory and that it expedited flight 
ears. By cutting 12 db off the speech peaks and raising deck operations. 


the rms level by 12 db, the level is adequate at the ears. 


PERFORMANCE OF THE RADIO SYSTEM 
ABOARD THE USS LEXINGTON 


The tests and results described in the preceding two para- 
graphs are for acoustic components only, i.e., they were 
connected by wire links. When used with the portable 
transceiver the results would never exceed those given and 
would, in general, be somewhat worse. For example, in- 
stead of the 200-6100 cps bandwidth specified, the band- 
width of the experimental helmet turned out to be approxi- 
mately 400-6000 cps because of compromises in the size 
and weight of some of the components. Even so the NEL 
Flight Deck Communications System was very effective in 
the operational evaluation. With laboratory personnel us- 
ing the system, satisfactory communications were obtained 
with talker and listener in jet noise of up to 130 db. With 
the Lexington crew using the system, performance was also 
very satisfactory. An analysis of 1300 messages they trans- 
mitted over the system during landing, launching, and re- 
spotting activity showed a repeat figure of approximately 
1 percent. 

Questionnaires given to the users of the equipment elicited 
only minor complaints, usually having to do with fit or com- 
fort factors of the helmets. No complaints were voiced 
relative to message intelligibility and most users stated they 
could identify the talker by his voice quality even when no 
identifying call sign was used in the message. Noise ex- 
clusion and the automatically controlled speech level were 
judged to be satisfactory. The users reported they trusted 
the system to pass information. The consensus was that 
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Some Basic Aspects of an Information Theory of Music” 


A. Moterst 


To the revolution of musical doctrine, under the impact of electroacoustical techniques, Informa- 
tion Theory brings some leading concepts for building a new theoretical system of music. Music 
is one of the messages of our environment, and the human channel, as a consequence of psycho- 
physical uncertainty principles, determines basically the repertories of sound symbols. According 
to the “point of view” of the receiver, various repertories appear for both “semantic”, i.e. intelligi- 
ble, and “esthetic”, ie., sensory or emotional, messages, both intricately involved in the sound 
sequences. 

It is possible to separate experimentally the information content of the various repertories, 
which can be distinguished according to the time scale of perception. The system of values thus 
obtained gives a metrical pattern of the musical signal. By taking into account the variations 
of informational rates which a particular individual can grasp, it is possible to arrive at some 
general rules governing the musical signal, especially in the comparatively simple cases of the work 
of arrangers of light music, which is more clearly defined according to the capacity of the listener. 


tS These rules appear to be particularly useful in the new field of experimental music, which makes 

A wide use of electronic and acoustical means. 

Sy 

: INTRODUCTION tant environment, brought to this “situational sphere” by 
. HE PURPOSE of the present paper is to try to apply radio, records, etc. In the latter case, technical devices 
i ; ‘ ; are employed to increase the capacity of the original channel 
x information theory to a special category of the messages 


of the Umwelt (environment) to the individual, that is, to 
the musical message, considered as a particular temporal 
stuff. 

If information theory is as universally applicable as many 
communication specialists believe, then it must be possible 
to apply it to every kind of message, without limiting it to 
PCM, telegraphy, or capacity of transmission channels. 

The problem is to reduce the complexity of the musical 
or esthetic message to a simple and canonical pattern, amen- 
able to information theory treatment. 


1. The Channel 


A sense organ, the human ear, may be described as a 
transmission channel through which the individual receives 
a continuous stream of messages from the outside world, 
the transmitter. The individual is thus the receiving end 
of a transmission channel, and experiences internal reac- 
tions (as a physiologist or neurophysiologist could measure 
them), as well as external reactions (such as a sociologist 
or a particular observer could register) to his surroundings 
(Umwelt). He is thus placed in a “sphere of situations,” 
on the surface of which are projected: (a) the messages of 
his immediate environment, and (b) messages from a dis- 


* The original version of this paper was presented at the Second 
International Congress on Acoustics, Cambridge, Mass., June 20, 1956. 
+ Centre National de la Recherche Scientifique, Paris, France. 
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(the ear) to receive messages from great distances and 
from other times, thereby overcoming the space and time 
boundaries set by nature on a sense organ, which otherwise 
would limit its receptivity to the messages of the immediate 
present environment. 


2. The Message 


Inasmuch as the structure of the message is determined 
in part by the properties of the receiving end, it is quite 
probable that no attempt has been made to apply informa- 
tion theory to the musical message because of the difficulties 
inherent in the application of specific formulae to a receiver 
as complex and variable as the human mind. For the struc- 
ture of this receiving end is very intricate and varies notably 
at every moment of the message, due to the attention paid 
to one or another of its time gestalten. 

We must therefore attempt to define the various struc- 
tures which can be found in the message, especially regard- 
ing the scale of duration—from the nearly instantaneous 
spectrum, to chords, bars, phrases and even sections of pro- 
grams. For each of these structures, a statistically finite 
and consistent repertory can be found and accurately de- 
fined, as Fano, Jacobson,’ and others have shown. For each 
repertory of symbols, we can compute, at least theoretically, 
an information value of A;, Ae, As, . . . according to the 


1H. Jacobson, “Information and the Human Ear,” J. Acoust. Soc. 
Am., 23, 463 (1951). 
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Shannon formula, which is directly related to (a) original- 
ity, (b) logarithm of the unexpectedness of a definite set 
of symbols, and (c) logarithm of the ratio: number of pos- 
sible to number of equivalent arrangements. 

The whole of all these information values is ranked ac- 
cording to the mean time scale of duration of these symbols. 
They are bound together, since bars are made of chords, 
chords of spectra, spectra of acoustical quanta, and so on. 
This gives a metrical picture of the musical message.” 

These gestalten (configurations) built out by the sym- 
bols are actually determined by two factors: 

1. Memory, a psychophysiological function, which may 
be described in terms of its span or duration as (a) 
instantaneous, (b) dated memory, and (c) undated 
memorization; each type involving different mecha- 
nisms. 

. Attention, which arises from the most subjective part 
of individual psychology, and switches from one ge- 
stalt to another, changing spontaneously, more or less 
at random, its scope of duration. The problem of at- 
tention is of increasing interest to psychology, and any 
progress in this field would contribute toward the 
theory of esthetic messages. 

Attention can be roughly divided into two distinct 
moods, which can be fairly well described and which 
are experimentally separable in regard to their prop- 
erties. 

a. The semantic mood, which is more accessible to 
objective examination, has been the chief purpose of 
research up to the present. It is directly connected 
with the “language” aspect of music, that is, a sys- 
tem of organized and standardized symbols follow- 
ing a logos (rules of organization). Let us empha- 
size the fact at once that the existence of a language 
has nothing to do with a forceful purpose of ex- 
pressing “something.” There are definite languages 
which do not mean anything in the descriptive sense. 
The semantic message has definite properties, ac- 
cording to its standardized content; it can be coded, 
i.e., translated into another language. This is in- 
deed the fact with the musical score, which is an 
operational translation into another channel of ex- 
pression. Its set of repertories is already well de- 
fined and can be described adequately. 

. The esthetic mood of attention has been widely 
acknowledged and described in various terms by all 
the authors who have dealt with the problem. Its 
expressive content definitely does not appear to in- 
tellectual faculties, but rather to the directly sen- 
sory or emotional centers. It builds another “mes- 
sage”, quite different from the semantic one, al- 
though constructed of the same elements, which are 
grouped in a different way and appreciated accord- 


2 A difficulty arises when the successive repertories are continuously 
linked, that is, when there is no sharp distinction between the scales 
of time to which the receiver pays attention. 


ingly. In the vocal message, for example, the re- 
spective roles of esthetic and semantic messages are 
sensibly equivalent, despite the emphasis placed by 
linguists on the semantic aspect only. We know 
perfectly well that a political speaker convinces his 
audience at least as much with an appeal to their 
emotions as with a logical system of “reasons”. In 
the musical message, the esthetic component is of 
primary importance. In fact, the semantic element 
serves to sustain, delineate and support the message 
intended to be appreciated by the esthetic sensi- 
bility of the receiver. However, when the semantic 
part, or its most accurate translation into the score 
has been accomplished, a field of freedom of the 
actual signal remains around the esthetic message. 

This provides us, at each stage of attention, with a 

repertory of symbols. We know that these uncer- 

tainty principles of perception, which play in com- 
munication theory a role analogous to Heisenberg’s 
principle in physics, can be expressed as follows: 

1. The minimal amplitude which can be detected in 
the background noise is inversely proportional to 
the frequency bandwidth, i.e., the product: 
(uncertainty in the amplitude) (uncertainty 
in the frequency) — constant. 

. If it is possible to define the shape of a phenome- 
non, i.e., its spectrum, to an unlimited accuracy 
by making use of an unlimited quantity of filter- 
ing apparatus brought together, this can only 
occur in the case where the shape remains in- 
variant during a time proportional to the inverse 
band-width of the filters—which is to say that: 
(uncertainty in determination of shape) * (un- 
certainty in the duration of the signal) = con- 
stant. 

These principles introduce the acoustical quanta 
with characteristic time scale which make up the 
repertory of esthetic symbols; an information rate 
H, can then be computed, which parallels the se- 
mantic information rate H,. 

The purpose of an information theory of music 
will be, therefore, to study the properties of the 
esthetic message so defined as contrasted to the 
semantic message, both being tied to the same se- 
quence of acoustical quanta sets but in a different 
manner. For each of them we get a set of succes- 
sive structures vs scale of time considered, each of 
these structures being built by a grouping of ele- 
mentary symbols whose repertory must be re- 
stricted. At each scale of duration, we will have 
information rates on both the esthetic and semantic 
scales, and the system: 
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will give then the complete metrical picture of the 
signal. 

In fact, many experimental methods provide par- 
tial separation of the semantic and esthetic elements 
of the musical message (e.g., clipping, inversion, 
filtering) which separate them according to their 
different behavior to the particular transformation. 
This justifies the operational value of the portrayal 
of the message given, and permits substantial prog- 
ress in the direct study of the musical message from 
the point of view of the listener, that is, from a 
standpoint which is free from the dogmatism of an 
arbitrary musical theory which has demonstrated 
its inadequacy to cope with the field of modern 
experimental music. 

In the modern world music tends increasingly to be made 
for the pleasure of the listener, that is, for the consumer 
rather than for the performer. Consequently, the composer, 
or the sum: composer + performer, should consider the 
esthetic part of the message as the most significant, rather 
than the semantic element as expressed in the score. Indeed, 
the primary importance of the esthetic message is well illus- 
trated by the tendencies of modern music, in which the 
“realization” by orchestral means takes precedence over the 
schematic structure. In light music, for example, the major 
preoccupation of the artist is the orchestration, deliberately 
conceived as “entertainment music”, for the purpose of 
stimulating an emotional response in the less sophisticated 
segment of a diversified audience. 

According to many psychologists who have studied hu- 
man behavior from the information theory standpoint, this 
portion of the audience is unable to grasp a message of more 
than 10 to 20 bits/second, compared with the estimated 
maximal capacity of some 100 bits/second. This implies 
that perception is a process of selection of definite symbols 
from the whole message, and that these symbols (gestalt) 
are not chosen at random, doing which would express the 
utter incapacity of the listener to cope with messages that 
are too unfamiliar. Therefore, the structure of music in it- 
self, as regards the color, density, and rate of originality of 
the musical material, should be directly considered by the 
composer. This leads to the conception of “authentic com- 
position” (Meyer-Eppler), which has recently found its way 
into experimental music. 

A new study of music must consequently start no longer 
from the score, nor from the properties of musical instru- 
ments, but directly from the sound material defined by its 
three coordinates: level, pitch, and time, which an instru- 
ment such as the Sonagraph displays. It should become a 
physics of the musical message. By this means, the differ- 
ence between various kinds of sound messages is diminished. 
It appears then, as a study of the rules connecting sound 
patterns taken in various symbol repertories, and of the 
laws governing the levels of attention of the listener. Some 
of these rules have already been recognized. One example 
is the balance between semantic and esthetic information 
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content during the span of memory. This implies a statis- 
tical correlation between the complexity of the chords (ver- 
tical score), and the complexity of the time patterns (hori- 
zontal score). 

Many other statistical laws of structure appear as a con- 
sequence of the metrical information pattern described 
above, e.g., the influence of repetition of sound cells, which 
is so important in music, the determination of complexity 
of melodic themes, the connections of themes to the socio- 
cultural frame of a given group, etc. 


CONCLUSION 


It seems feasible to apply information theory to the musi- 
cal message when it is considered as one of the elements in 
the environment of a human receiver. His characteristics 
then determine the apparent structure of the message. A 
metrical representation of information content at various 
time scales must take into account the two aspects of per- 
ception, the semantic and esthetic, an objective distinction 
which is experimentally grounded. This new theory of 
music seen as an object from the point of view of the lis- 
tener is particularly valuable for modern experimental 
music, which lacks at present a doctrine. However, through 
the development of experimental music, the theory should 
eventually permeate all the arts which utilize sound, till it 
becomes a physics of the acoustic message. 
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Mylar Polyester Film and Acetate as Base Materials 
For Magnetic Recording Tape’ 


D. L. Ormonpt 
E. I. du Pont de Nemours and Co., Wilmington, Delaware 


Acetate and mylar polyester film are currently used as base materials in the manufacture of 
more than 95% of all magnetic recording tape. Laboratory comparisons of both types of film 
were run under typical recording conditions. This paper reports on the findings of the performance 
characteristics of tapes now commercially available. 


A RECENT Lije Magazine article on magnetic tape re- 

ported the 1957 consumption of tape as approximately 
nine billion feet. This represents a continuation of the 
annual growth of the tape industry of some 30 percent a 
year. Current estimates predict that the use rate of tape 
will double in about three years. 

In view of the many uses for magnetic tapes and the 
tremendous growth of the industry, a great many questions 
have arisen that relate to tape performance. The behavior 
of magnetic recording tape is governed largely by two 
factors: 

(1) the magnetic coating and its method of application, 

and 

(2) the base material. 

Acetate and Mylar polyester film are currently used for 
more than 95 percent of all magnetic tape, hence the dis- 
cussions in this paper will be confined to the nature and 
behavior of these base materials and the way in which they 
affect the performance of the finished magnetic tape. 

Before describing laboratory and field investigations of 
tape performance, the nature of Mylar and acetate will be 
briefly discussed and the fundamental differences in these 
two products illustrated. 


COMPARISON OF ACETATE AND MYLAR FILM 


Acetate is the universally accepted name for cellulose 
acetate film. Cellulose, obtained from wood pulp or cotton 
linters, is reacted with acetic acid and acetic anhydride. 
The resulting product is dissolved in acetone and com- 
pounded with plasticizers, which are softening agents, be- 
fore being cast (or deposited) as a film on a highly polished 


* Original version delivered before the Ninth Annual Convention of 
the Audio Engineering Society, New York, October 10, 1957. 
+ Manager, Industrial Development. 


wheel. The overall durability of cellulose acetate, when 
made in film form, depends to a great extent on the soften- 
ing agents that must be added, and the success in keeping 
this mixture homogeneous. 


Mylar, the registered du Pont trademark for a polyester 
film, is completely different. It is synthesized from petro- 
leum derivatives by a very intricate process and is a single 
compound, polyethylene terephthalate. Incidentally, this 
polymer is very similar chemically to Dacron polyester 
fiber. Chemical additives are not used to give this polymer 
its strength and flexibility. The outstanding properties are 
built into the film through the polymerization techniques 
and a mechanical process which changes the random mo- 
lecular pattern found in most organic films into one that is 
oriented. This orientation of the individual molecules 
greatly improves the properties of the base plastic. 

A further basis for the distinction between the two mate- 
rials may be obtained from a brief look at their properties, 
(Fig. 1). Mylar is much stronger than acetate. It has 
greater resistance to tear, both in starting tear and in 
propagating a tear already initiated. It has outstanding 
flex life and is capable of operating at high temperatures, 
as evidenced by its widespread use in motors, transformers 
and many other critical applications. The properties of 
Mylar do not change over the temperature and humidity 
range shown. 

So, fundamentally, both acetate and Mylar are trans- 
parent plastic films that look very much alike. In compo- 
sition and properties, however, they are vastly different, 
acetate being a form of cellulose which occurs in nature, 
Mylar, a man-made material, chemically and structurally 
tailored to provide unique properties. Within the limits of 
their respective properties, both are uniformly high quality 
products and both have found their place in applications 
where they meet the requirements of the job. 
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Du Pont Mylar polyester film 
Property 100 CA-43 100A 
Tensile strength (p.s.i.) 10,000 20,000 
Tear strength (g) 3 15 
M.IL.T. folding endurance (cycles) 1500-2000 50,000 
Resistance to heat (°F) 150— 220 300 
Changes in property levels Substantial Essentially none 


(0-100% R.H., 0-180°F) 


Fig. 1. Comparison of relevant physical properties of acetate and 
mylar film. 


RELATIVE PERFORMANCE 


To return now to the discussion of the performance of 
Mylar and acetate as tape base materials. Originally, to 
demonstrate the insensitivity of magnetic tapes on Mylar 
to the effects of temperature and humidity, we passed a 
continuous loop of tape through boiling water, then under 
a block of dry ice, through a playback unit and back again. 
This demonstration would go on sometimes for days on end 
without the need for changing the original piece of mag- 
netic tape. A similar tape on acetate would be completely 
deformed when going through just one cycle under these 
conditions. Although this demonstration proved to be very 
dramatic, we were at a loss to find anyone recording under 
such stringent conditions. We therefore set out to see just 
what conditions of temperatures and humidity are common 
to users of tape recorders in the major audio markets. 
Climatological data for New York City, Chicago and Los 
Angeles were obtained and from this information test tem- 
peratures of 75 degrees and 85 degrees F. and relative hu- 
midities of 15 percent, 50 percent and 90 percent estab- 
lished. We then turned to the measurement of key prop- 
erties. 

Of all the physical properties, the most significant to 
users of magnetic tape is yield point, the point at which a 
material starts to lose its elastic properties. Below the 
yield point the film follows Hooke’s Law; the curve is very 
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YIELO POINT 


STRESS (OUNCES PER 1/4" WIDE TAPE) ———»— 


STRAIN (%) ————> 
Fig. 2. General stress-strain diagram for magnetic tape. 
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steep—very little stretch per unit force. Beyond the yield 
point and until the break point the material will remain 
permanently stretched. In Fig. 2 we see a typical stress- 
strain curve which is actually a plot of stretching force 
versus elongation. As a stress is applied to the sample, a 
strain is set up. The strain is completely recoverable until 
the beginning of the “knee” on a curve—the yield point. 
If stress is continued beyond this point, the strain is in- 
creased until the break point is reached. How, then, do 
magnetic tapes behave in terms of yield point? 


Fic. 3. Equipment used to prepare tape samples at varying tem- 
peratures and humidities before tensile testing. 


The samples used for tests were representative of mag- 
netic tapes commercially available. They were conditioned 
in this equipment (Fig. 3) for a minimum of one week at 
the six different combinations of temperature and humidity 
that were most common, as discussed earlier. Then the 
samples were pulled in this Instron Tensile Tester (Fig. 4) 
in accordance with standard ASTM (American Society for 
Testing Materials) practices for plastic films. This pro- 
cedure was followed because it is the closest standard test 
to duplicate the normal forces involved in tape recorder 
operations. Other techniques that will give extremely high 
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MYLAR POLYESTER FILM AND ACETATE AS BASE MATERIALS FOR MAGNETIC RECORDING TAPE 


Fic. 4. Instron Tensile Tester used to obtain data on tape sam- 
ples. An automatic stress-strain plotter is shown at the left. 


rates of loading over very narrow areas of tape are under 
investigation. 

Getting back to the testing procedure, as a force was 
applied to the magnetic tape samples, an arm at the left 
of the machine automatically plotted the stress-strain rela- 
tionship. Results showed little change in yield points when 
going from 15 percent to 50 percent relative humidity and 
from 75 degrees F. to 85 degrees F. Also, since relative 
humidities are generally above 50%, our discussion will 
be confined to a temperature of 75 degrees F. and relative 
humidities of 50 percent and 90 percent. On this bar graph 
(Fig. 5), we have plotted at 50% R.H. and at 90% R.H. 
the yield points of magnetic tapes most commonly used, 
that is those based on 1 and 1.5 mil films. The yield point 


PERFORMANCE COMPARISONS OF MAGNETIC TAPE 


on | mil 
“Mylar” 

Fic. 5. Measured yield points for %4-inech mylar and acetate 
tapes. Data were taken for 1-mil and 144-mil tapes at relative hu- 
midities of 50 and 90 per cent. 
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is expressed in ounces for 14-inch tape. Mylar shows a 
higher yield point than acetate for equivalent thicknesses. 
The interesting thing to note when the humidity is increased 
is that the values for Mylar tape are just barely changed 
while those for tape on 1.5-mil acetate film drop below the 
yield point for 1-mil Mylar. 

On the next graph (Fig. 6) we have inserted the break 
points for acetate film (shown by open bars), the ones for 
Mylar are just out of the range of this chart. They illus- 
trate that the region between the yield and break for acetate 
is relatively small. Thus, the amount which it will stretch 
before breaking is relatively small, although it does stretch 
before it breaks, like any plastic film. These figures also 
point out a coincidence in the comparisons of 1 mil Mylar 
and 1 mil acetate. 

When the average of 20 readings for each film base was 
recorded, the break point on the 1 mil acetate came out 
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Fic. 6. The magnitude of the stress at the ‘‘break point’’ is 
shown superposed on the graph of Fig. 5. Only data for acetate 
tape are shown since the figures for mylar tape were found to ex- 
tend beyond the top of the graph. 


exactly the same as the yield point of 1 mil Mylar . . . both 
at 50 percent and 90 percent relative humidity. This points 
up strongly the fact that the yield point for Mylar is 
roughly equivalent to the break point for acetate. In terms 
of tape use, it means that for a 1 mil tape on Mylar to 
start stretching, the recorder must exert a force that would 
break the same thickness tape on acetate consistently. 
This leads us to an obvious question. ‘What are the 
highest normal forces exerted by tape recorders on magnetic 
tape while running in ‘record’ or ‘playback’ position and 
also when getting a rapid jerking action when going to a 
start-stop or rapid-rewind position?” The 15 largest tape 
recorder manufacturers were surveyed, largest according to 
an official from the Magnetic Recording Industry Associa- 
tion and asked that question. In most cases, home recorders 
were singled out because they tend to be tougher on tapes. 
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Fig. 7. The shaded area (superposed on Fig. 5) indicates the 
range of normal forces encountered in the operation of commercial 
tape recorders. These are well below the yield points of the tapes 
under diseussion. 


Their answers indicated that the upper levels of normal 
recording would be from six to nine ounces and that in 
start-stop or rapid-rewind the forces could go as high as 
16 ounces. On the other side of the picture, manufacturers 
have talked of designing machines where normal forces are 
as low as three to four ounces. 

When this information is plotted (Fig. 7) as a shaded 
area on Fig. 5 we see that both 1 mil acetate and 1 mil 
Mylar have yield points considerably above these forces 
and that the tape cannot stretch significantly unless the 
force that the recorder exerts is above the yield point. In 
the case of a tape on 1 mil Mylar, there is a safety factor 
of more than 300 percent, even at 90 percent relative hu- 
midity. 

We have been told that it is quite possible to get three 
or four breaks during one session of editing on a one-hour 
radio program. If a tape recorder is operating in a range 
where acetate is breaking regularly, a tape of equivalent 
thickness on Mylar will be in its stretch region. But on 


D. L. ORMOND 


the several occasions where we tried to get high speed 
photographs of such a situation we failed. In the next 
three figures some of these tests which were conducted with 
the cooperation of a large user of magnetic tapes on acetate 
are shown. Although we spent several hours trying to put 
abnormal forces on his recorder by rocking the recorder 
back and forth (Fig. 8a), by using different reel sizes, (Fig. 
8b), by grabbing the spinning reels as the machine is turned 
off (Fig. 8c), we were unsuccessful in either breaking the 
magnetic tapes on acetate or stretching the tape on Mylar. 
This and other similar experiences indicated to us that 
machines under normal adjustment operate completely satis- 
factorily with current base materials. Incidentally, when 
a tape breaks it generally fails because of poor tear strength 
in the tape. When the edge of the tape is accidentally 
nicked, it will break well below the yield point. We cannot 
give you comparable tear strength tests for tapes on acetate 
or Mylar today because there currently is no standard way 
to measure them on a finished magnetic tape. We are plan- 
ning to develop such tests. 


ASTM standard tear tests require a clear plastic film to 
be nicked before a force is applied. In such a test, a 1 mil 
Mylar sample exhibits five times the tear resistance of 1 mil 
acetate. However, this standard test circumvents a well 
known characteristic of Mylar . . . its ability to resist getting 
the first nick. This is the way most people were first 
introduced to Mylar when they were handed a sheet of 
1 mil Mylar and challenged: “Try to tear it!” 


In summing up the performance advantages of these films 
compared with each other, we can say that the resistance 
to stretching of Mylar, thickness for thickness, is consider- 
ably better than acetate and that the yield point is virtu- 
ally unaffected by temperature and humidity. Laboratory 
tests show that the yield point of magnetic tape on 1 mil 
Mylar compares with that of a magnetic tape on 1.5 mil 
acetate. The increased resistance of Mylar to developing 
an initial nick would make it preferred where a break under 
normal conditions cannot be tolerated. The main reason 
why Mylar behaves in this outstanding manner is directly 


Fig. 8. Subjecting acetate tape to abnormal forees by (a) rocking the transport back and forth, (b) using different reel sizes, and 
(¢) grabbing the spinning reels as the machine was turned off, was found ineffectual as a cause of tape breakage. 
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MYLAR POLYESTER FILM AND ACETATE AS BASE MATERIALS FOR MAGNETIC RECORDING TAPE 


Fic. 9. Comparison of light transmission in mylar (left) and 
acetate (right). 


traceable to the absence of any added chemicals required 
to enhance its properties. 

A magnetic tape on acetate presents no difficulties through 
plasticizer loss when the tapes are used and stored in air 
conditioned or well balanced atmospheres. However, where 
it is desired to use and store tapes for long periods of time 
in conditions where temperature and humidity are not con- 
trolled, magnetic tapes on a Mylar base should provide 
definite advantages. 


PRINT-THROUGH 


Mylar and acetate are both equally non-magnetic. Print- 
through is increased slightly by going to thinner tapes but 
there are many other factors which increase the print- 


through level considerably more. From information sup- 
plied to us by all the magnetic tape manufacturers, there 
appears to be no difference in the print-through character- 
istics of the tape made on equivalent thicknesses of acetate 
or Mylar and the choice of the film base should be governed 
by physical characteristics alone. 


TAPE IDENTIFICATION 


With the current widespread use of both acetate and 
Mylar base materials, it might be of interest to tell quickly 
the difference between magnetic tapes made on one base or 
the other. This can be done very simply by holding up 
the reel to a light and looking at it, (Fig. 9). A magnetic 
tape on acetate permits light to pass through its edges and 
the outline of the fingers is clearly seen. The tape on Mylar 
is completely opaque. This is not due to space between the 
layers of tape but rather to an optical effect which, we 
believe, can be traced back to the fundamental differences 
in the films. Mylar, as we discussed earlier, is a single com- 
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ponent, an oriented polymer; acetate contains plasticizer 
and is not oriented internally. 


SUMMARY 


In summary, we conclude that Mylar polyester film and 
acetate as base materials for magnetic tape are performing 
satisfactorily under normal recording conditions. Further, 
that: 


(1) a magnetic tape on Mylar cannot stretch under nor- 
mal recording conditions because the forces applied 
are below its yield point. 

a tape on Mylar is preferred for permanent record- 
ings or where a higher safety factor against breakage 
is desired. 

acetate and Mylar of comparable thicknesses are 
identical with regard to print-through—both are 
non-magnetic. 

We hope that this paper has clarified some of the differ- 
ences in the chemical nature and physical properties of ace- 
tate and Mylar polyester film, and therefore, may have 
answered some of the questions regarding these two mate- 
rials which have found such widespread acceptance in your 
industry. 


(2) 


(3) 


ORMOND’S DISCUSSION 


Why should Mylar tape in its finished form cost twice 
as much as acetate tape; also, what is the difference in 
price to the tape manufacturer between Mylar and 
acetate? 

First of all, I can’t explain the difference in cost at the 
consumer level of these tapes. Acetate film sells for 
about 90 cents/Ib, Mylar for about $2.25 to $2.50 
roughly. 


Is it all the same weight, i.e., specific gravity? 
No, there is a difference in the density of the two films. 
The Mylar is a little heavier. 


Which is more electrostatic? 


Probably the Mylar. However, in very dry conditions 
acetate can have a very high resistivity. 


One of the virtues of Mylar in my experience is also a 
drawback. The fact that under abnormal conditions 
if you accidentally drop a reel while one reel is still 
in the recorder, an acetate tape will break, and you 
can repair this by splicing, but a Mylar film will 
stretch. I haven’t found any way of repairing a 
stretched tape. (Laughter.) 

That is pretty rough. I couldn’t offer any suggestion 
there. In that situation you just have to cut it out. 
You can tell approximately where the stretch area is 
by the neck down, i.e., measure the width. 
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Q. Can your company make available now data on high 
rates of mechanical loading, i.e., stress-strain curves 
taken at rates comparable to those experienced in a 
recording machine? 

A. No, we don’t have any data that we could relate di- 
rectly to the recording machine. Of course we cover 
a wide range in impact tests. We have data on that. 
These imply extremely high rates of loading, and, in 
that respect. mylar is outstanding. 


Q. Are there any long term dimensional changes associated 
with possible deorientation of the Mylar film—either 
over long periods of time or at high temperatures or 
some combination of these two? 

A. At temperatures in the military range, 165° F., there 
should be no dimensional changes of any kind for any 
length of time. 


Q. (from the Chairman, Mr. Wilpon): I would like to 
say of this study that du Pont is doing on Mylar and 
acetate tape: I think the entire tape recording industry, 
that is, both the manufacturers and the users, and the 
people involved in procurement and research in mag- 
netic tape. is very glad that your firm are conducting 
this investigation. With regard to your presentation, 
I had a question on the measurements of elongation vs. 
stress that you showed. The tapes that you made the 
test on were put into chambers under various condi- 
tions of temperature and relative humidity. From the 
slides I gathered that these tapes were then taken out 
of these conditions, and measured under normal room 
conditions. What you are showing, then, is the effect 
of previous storage of tape under various conditions. 
Has any work been done on the elongation vs. stress 
while the tapes are actually under this particular range 
of temperature and humidity conditions? 

A. We removed these tapes from the condition area and 

sealed them in a hermetically sealed can, passed them 

right over to our physical testing lab which is main- 
tained at 35% R.H. 76° F. The samples were then 
removed from the can and immediately tested. In this 
period of time it is doubtful that the equilibrium con- 
ditions would have changed radically; at least that was 
our opinion. 


Q. Well, we have done some work on this aspect. We 
found that in roughly 10 minutes after taking the tape 
out of the chamber, you will negate the effect of the 
previous storage condition on the tape. My second 
question was in reference to the actual characteristics. 
According to what you have stipulated to be the actual 

range in stress applied in the actual recording processes, 

it seems to me that you can go down below the 1 mil 


D. L. ORMOND 


tapes, both Mylar and acetate, and there have been 
some attempts to use 34 mil or % mil Mylar and 
acetate. Have you conducted any studies on the prop- 
erties of these thicknesses? 

With regard to the %4 mil tapes, you could extrapolate 
our data and arrive at a pretty good estimate of how 
they would behave. In other words, for 4 mil. tape 
the yield point would be a little better than half that 
of 1 mil tape. The coating contributes a good deal 
more in the %4 mil thickness than it does in the heavier 
gauge. 


Do you think there is any possibility that a change can 
be made in the Mylar base so that when the yield point 
is reached, it will break rather than stretch? 

I don’t think there is any possibility of making such a 
change. It is just the nature of the beast to yield and 
then stretch. 


Does the Mylar base lend itself to better application of 
the oxide with existing binders than acetate? 

The manufacturers would have to answer that for you. 
We don’t know of any problems with either film. 


Is any work being done to increase the yield point of 
Mylar by stretching it? 

Well, we are always trying to improve the product to 
meet your needs better. If there is need for a product 
which has a much higher yield point, some of the ex- 
perimental work that we are conducting now might 
result in such a product. At the present time it is 
purely a research effort. 


Could you say how these two materials compare in the 
elastic region? 

The acetate has a modulus of some 350,000 psi, not 
quite as stiff a material as Mylar. There is not much 
difference actually. 


Has there been any investigation on the use of poly- 
vinyl chloride as a base for recording tape? 

I understand that polyvinyl chloride has been used in 
Europe for this purpose, but I wouldn’t have any com- 
ment on that beyond that fact. 
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The Standard Tape as a Professional Audio Tool" 


Frank F. Ricwarpst 
Ampex Corporation, Redwood City, California 


If the professional recordist is to achieve maximum results from the use of magnetic recording 
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apparatus, standardization among recorders of such parameters as azimuth alignment, equalization, 


and bias level is a necessity. 


Precise instrumentation for such adjustments is extensive and 


expensive, which leads, on some occasions, to neglect. Most adjustments necessary to correct 
operation can be made with comparatively simple instrumentation and a Standard Tape of ade- 
quate precision. The manufacture of such tapes requires precision even beyond the normal neces- 
sities of high quality mastering. The method of manufacture and quality control is described, 


and the application of the tape to standard precision adjustment among recorders is explained. 


INTRODUCTION 


 inae VITAL ROLE which is today being played by mag- 
netic tape recording in the field of audio is indeed well 
recognized. As a means of faithfully preserving the most 
subtle or spectacular sounds of our time, magnetic tape is 
unchallenged by any other medium; moreover, modern pro- 
fessional tape recorders are inherently capable of perform- 
ance which often exceeds that required in actual service. 

Fundamentally, the characteristics sought by the profes- 
sional recordist are: (1) consistent performance within 
specifications, and (2) interchangeability of tapes among 
similar machines. If these requirements are to be main- 
tained, a simple program of preventive maintenance, includ- 
ing careful periodic performance measurements on the ma- 
chines in question, is essential. The laboratory approach 
to performance checking involves the use of numerous pieces 
of precision measuring apparatus and a typical test set-up 
is shown in Fig. 1. Obviously this method is expensive, 
both from the standpoint of equipment required, and time 
consumed; since the procedure involves many different 
measurements. Figure 2 shows in block diagram the measur- 
ing apparatus shown in Fig. 1 which, incidentally, represents 
about $3400 in cost. 

Fortunately however, we have an alternate and entirely 
adequate approach which demands only simple instrumen- 
tation plus the use of an inexpensive audio tool which all 
too often is not given the respect it deserves. I refer to the 
Standard Alignment Tape. 

The Standard Tape is in every sense of the word a pre- 
cision reference, used in the alignment of the playback sec- 
tion of a magnetic recorder; and should be considered in 


* Received October 17, 1957. Revised paper received January 20, 
1958. Delivered before the Ninth Annual Convention of the Audio 
Engineering Society, New York, October 8, 1957. 

+ Custom Products Engineer, Professional Products Division 


somewhat the same light as a standard “volt” or a standard 
“pound.” It represents a remarkable order of precision. 
Figure 3 illustrates the general information content of a 
Standard Tape. Note that the tape begins (left end) with 
a tone of 15 kc (a wavelength of one mil at 15 ips). This 
is provided for azimuth alignment of the playback head, 
since it is imperative that the orientation of both the record 
and playback gaps be parallel in any given recorder if 
maximum high frequency response is to be achieved. Simi- 
larly, the record and playback gaps of all other machines 
must be set to the same standard reference if interchange- 
ability of tapes is to be assured. Next is a 250-cycle tone 
recorded at standard test level which is -10 VU. This 
reduced level is used to avoid tape saturation at the shorter 
wavelengths, since the recording preamplifier, by design, 
incorporates considerable pre-emphasis in this region. Then 
follow various check-point frequencies throughout the audi- 
ble range; and finally another 250-cycle tone at normal 
operating level (zero VU or the point of approximately 1 
per cent total harmonic distortion) for setting the playback 
amplifier gain control. 

Since no standard is any better than the accuracy of its 
calibration, the precision required in the manufacture of 
such a tape is indeed considerable; far greater care is 
exercised than is normally required in producing a master 
recording, since the very machine which makes the master 
is first aligned to the Standard Tape reference. 

To insure this accuracy, very special equipment is neces- 
sary. Even the finest professional recorders sold today are 
not adequate for this task; moreover, every single Standard 
Tape must be made on an individual basis as an original 
master tape. They cannot be mass produced! The best 
high-speed duplicating equipment available, which may be 
quite satisfactory for commercial copy work, is therefore 
far from suitable in making these precision references. 
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Fig. 1. Laboratory equipment set-up for overall performance test. 


TECHNIQUE 


The firm I represent, Ampex Corporation, uses the follow- 
ing technique in producing Standard Alignment Tapes. 
First, let us consider the tape itself. One problem with 
which all magnetic tape manufacturers have had to contend 
is that of uneven distribution of oxide on the base material. 
One of the ways in which this condition manifests itself is 
in the form of nodules, or microscopic “pimples” in the 
oxide coating. These nodules, of course, are the first points 
of wear as the tape is played and, since the head-to-tape 
contact is altered during this process, the frequency re- 
sponse exhibited by the tape is likewise affected. So, the 
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Fig. 2. Physical arrangement of equipment for overall perform- 
ance test. 


very first step in making a Standard Tape is to remove the 
nodules by polishing the coated surface. Figure 4 is a “be- 
fore and after” illustration of the effect of polishing. The 
nodules, which are knocked off in the process, appear as tiny 
white specs in the polished example (upper). This polishing 
action, to which the virgin tape is subjected, is equivalent 
to approximately thirty passes over a standard head array, 
with the tensions usually found in a professional magnetic 
recorder. Tests have indicated that the most pronounced 
wear of unpolished tape occurs during this time; from this 
approximate point on, wear is gradual and fairly uniform, 
and so the required intimate head-to-tape contact is affected 
only slightly. 

The polishing operation is accomplished by a simple but 
effective device. Figure 5 shows how the tape is threaded to 
cause the oxide surfaces to rub against one another for a 
short distance as the tape is run through a machine at nor- 
mal speed. Note the numerous holes around the lower tape 
guide, indicating various attempts to determine the optimum 
position of the guide for just the right amount of friction 
to give proper polishing in one pass, yet with minimum 
physical distortion of the tape. At this same time the tape 
is run through its hysteresis loop by the energized erase 
head. Jmmediately after the tape has been polished it is 
relaxed, in order to remove any physical strain which might 
have resulted from the polishing operation. This is accom- 
plished by playing the tape at very slow speed on a trans- 
port adjusted for extremely light tension. Thus, consider- 
able preparation is required to condition the raw tape 
before the first frequency is recorded! 


The machine on which Standard Tapes are made is a 
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THE STANDARD TAPE AS A PROFESSIONAL AUDIO TOOL 
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Fig. 3. 


Tape Level 
Standard Alignment Tape information sequence. 


Level 


specially built unit meeting stringent demands for accuracy. 
Included are such features as: (a) a close tolerance tape 
guiding system, (b) a rigid half-inch solid metal base plate, 
(c) a constant tension tape supply, (d) a carefully cali- 
brated azimuth indicator, and (e) hand-picked head stacks 
which are repolished and lapped frequently. Figure 6 shows 
a typical Standard Tape transport mechanism. 

Perhaps the most interesting example of the extent of 
our efforts to guarantee precise calibration of these machines 
and the tapes they produce, is the procedure for determining 
azimuth adjustment of the heads. Notice in Fig. 7 that a 
rigid metal plate is mounted just above the head assembly. 
On this plate is inscribed a polar co-ordinate graph, through 
which protrudes the azimuth adjustment screw. A pointer 
knob is attached to the upper end of the shaft, and rotation 
of this knob produces a change in gap azimuth just as in a 
standard professional recorder. It is also interesting to note 
that one degree rotation of the knob causes a change in gap 
azimuth of two-thirds of a minute. This is, of course, a 
function of the thread pitch and permits most critical ad- 
justment of the gap. 

An early problem solved in the initial calibration of these 
machines was the determination of just where the azimuth 
should be set. It would, of course, be desirable to establish 
the azimuth as nearly perpendicular to the direction of tape 
travel as possible, and numerous methods to accomplish 
this were explored. An extremely simple and accurate 
method was devised as follows: the azimuth of the playback 
head is deliberately set off-perpendicular to some arbitrary 


Fig. 4. Before and after polishing virgin tape (upper example is 
polished). 
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point and the position of the pointer knob is marked on the 
polar graph. A tape is run through the machine and a 
tone of short wavelength is recorded while the record head 
azimuth is adjusted to produce maximum playback output. 
The tape is then recorded for an additional length with 
these same azimuth settings. The tape is re-spooled and 
run through the machine again, along with a second length 
of blank tape in such a manner that the oxide surfaces of 
the two tapes face one another. With the erase circuit 
disabled, both tapes are re-run on the machine; the original 
tape outermost, and the backing (shiny side) of the blank 
tape in contact with the head surface. Bias to the record 
head is increased, and with no signal input, a mirror image 
of the original offset pattern is recorded (through the back- 
ing) on the innermost tape by action of the bias alone. 
Thus, we achieve a virtual “carbon copy” (but wrong side 
out) on the blank tape, which must then be given a half- 
twist and rewound. In twisting the tape, we accomplish a 


Fic. 5. 


Tape threaded for polishing; oxide to oxide around idler, 


complete reversal of the azimuth pattern. Incidentally, this 
reversal cannot be achieved by merely turning the original 
tape end-for-end as might be expected; nor will it suffice to 
give the original tape a half-twist; the reason being that 
the recorded signal strength of the very short wavelength 
involved is insufficient to be read through the backing ma- 
terial on playback. So the carbon copy is reproduced (with 
oxide surface now contacting the heads), as the playback 
azimuth is again adjusted for maximum output from this 
reversed signal. This position too is marked on the polar 
graph. It then becomes a simple matter to bisect the angle 
formed by these points, and thereby establish the absolute 
perpendicularity of the gap. Once this is done, an addi- 
tional length of carefully polished tape is recorded at the 
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Fic. 6. Standard Tape transport mechanism. 


same short wavelength, and the record head azimuth is re- 
adjusted to again produce maximum output from the play- 
back gap; which means that both record and playback 
azimuth are set exactly parallel. Two reference tapes are 
made immediately; one is kept as a vault standard, the 
other is carefully stored for use in frequent calibration of 
the equipment. This calibration is made at least once every 
eight hours. If ever there is doubt as to the accuracy of the 
daily reference, it can be checked against the vault stand- 
ard. In the two-year period that these tapes have been in 
existence, this verification has been required only four or 
five times, and in no instance has the check revealed a dis- 
crepancy. 

The proper playback level of the Standard Tape record- 
ing equipment is measured in much the same way with 
another reference level tape, and again, a vault copy as 
well as a daily reference is maintained. 
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Fig. 7. Playback head azimuth indicator. 
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With azimuth and level adjustments established, all that 
remains to complete the Standard Tape is to run a length 
of previously polished tape at a given speed, and from a 
bank of individual oscillators (a separate one for each re- 
quired tone), record the various check-point frequencies and 
voice announcements on the tape. Figure 8 shows the bank 
of oscillators whose frequencies are monitored with an elec- 
tronic counter, voltage to the entire installation being care- 
fully stabilized by two heavy-duty regulators. 

The voice instructions of the Standard Tape are repro- 
duced from another machine, and since all Standard Tapes 
are recorded in reverse to eliminate the necessity for re- 
winding, the voice is reproduced backwards from one track 


Fig. 8, Individual oscillators supplying check-point frequencies. 


of a two-channel machine. The other track carries cue 
tones to guide the operator who, incidentally, is a laboratory 
engineer devoting full time to the production of these tapes. 
Surveillance of each tape is maintained as it is being re- 
corded, and any tape showing deviation from accepted 
standards is immediately discarded. Tolerances of + % 
minutes for azimuth setting, and + '4 db in level are main- 
tained. 

It should always be remembered that the Standard Tape. 
just as other standards, must be handled with care, and 

(Continued on Page 208) 
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A New Viscous-Damped Tone Arm Development 


JULY 1958, VOLUME 6, NUMBER 3 


CuesTer A. Snow, Jr.! 


The Gray Manufacturing Company, Hartford 1, Connecticut 


A general discussion is presented concerning the engineering development of a new tone arm 


manufactured by Gray, which exhibits exceptional characteristics. Utilizing separate vertical and 
horizontal pivots, effective vertical mass is kept to a minimum while sufficient horizontal mass 
is provided to assure proper operation with lower compliance cartridges. Static balance is provided 
in the horizontal plane and this, in conjunction with permanently retained viscous damping in 
both pivots, assures optimum tracking stability and resistance to groove hopping due to external 


shock. Curves are used to illustrate the effect of viscous damping on performance at low frequency. 


INTRODUCTION 


ONE OF THE important factors affecting good tone arm 

design is the performance of the arm and cartridge 
combination at the fundamental resonant frequency dic- 
tated by the compliance of the cartridge used and the mass 
of the arm and cartridge assembly referred to the stylus 
tip. It is important that the frequency at which this reso- 
nance exists lie well below the useful portion of the fre- 
quency spectrum and that the amplitude of this resonance 
be suitably controlled so as to eliminate record deterioration 
and severe distortion due to the tremendous forces set up 
at this point acting on the groove walls, as well as to pro- 
vide tracking stability without the use of excessive vertical 
stylus force. The application of fluid damping to phono- 
graph reproducer arms in order to bring this necessary evil 
under control was most ably set forth by William Bachman 
in his paper presented on this subject in 1951. Since then, 
various methods of damping tone arms, as well as the vis- 
cous fluid principle, have been employed. 


Modern wide-range recording equipment is of such a 
caliber that it is possible to both intentionally and uninten- 
tionally pick up frequencies extending well below 20 cycles 
either as part of the program material (such as organ pedal 
frequencies) or non-musical contents such as building vibra- 
tions from subways, heavy traffic, etc. Regardless of their 
causes, these frequencies can cause trouble at the funda- 
mental resonant frequency of the arm and cartridge combi- 
nation if proper control is not applied. 


* Delivered at the Ninth Annual Convention of the Audio Engi- 
neering Society, New York, October 12, 1957. 


+ Chief Research Engineer. 


BASIC SPECIFICATIONS 


Figure 1 illustrates the point pivot and hemispherical 
damping employed in the Gray 108 series arms since their 
introduction in 1952. It can be seen that the arm is sup- 
ported by an adjustable cone riding on a single pivot, and 
damping is achieved through the use of a silicone fluid 
placed between a hemisphere, which is attached to the arm 
body, and a complementary cup attached to the pedestal. 
The adjusting screw with a cone depression, which engages 
the pivot point, permits variation of the separation between 
the hemisphere and cup, thus controlling the effective damp- 
ing. Figure 2 illustrates the performance of the Model 
108C, both damped and undamped. This arm, originally 
intended for professional applications, was designed to ac- 
commodate record diameters up to 16”. Although damping 
adjustment is provided on this unit, the actual value of 
damping has proven to be non-critical. Nevertheless, it 
was felt that, in many cases, the fine performance of this 
arm was never realized in the field due to improper ad- 
justments upon installation. 

The desire to use viscous damping in conjunction with 
other design criteria led us to establish the following basic 
specifications for a new tone arm development: 

1. Sufficient horizontal mass of arm assembly so as to 
place fundamental resonance below 20 cycles even 
with only moderately high-compliance cartridges. 

2. Low vertical inertia to permit stable tracking of rec- 
ords deviating from the ideally flat condition. 

3. Permit accommodation of all popular brand quality 
cartridges. (Plug-in slide for cartridge mounting de- 
sirable for cartridge accessibility.) 

4. Provide permanently retained, pre-set viscous damping. 

. Achieve lateral balance about vertical pivot so as to 
provide a maximum of tracking stability. 
6. Provide stylus force adjustments to permit ready ad- 
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Fig. 1. Mechanical construction of the pivot section of the Gray 
108C arm. 


justment of tracking force when desired. 

The requirement for low vertical inertia in conjunction 
with reasonable horizontal mass dictated the use of two 
separate pivots, the horizontal pivot for vertical motion be- 
ing placed further forward on the arm and providing a 
shorter member operating in the vertical plane than that 
operating in the horizontal plane. In order to avoid the 
possibility of excessive frequency modulation of the repro- 
duced material due to a slight back-and-forth component 
of motion of the stylus caused by up-and-down motion of 
the forearm, this pivot point was located approximately 
one-third of the way back from the stylus tip to the vertical 
pivot. To further minimize the aforementioned effect, this 
pivot was kept as close as possible to the horizontal plane of 
the stylus. The dual pivot construction, in addition to pro- 
viding improved tracking characteristics, would tend to 
break up the arm channel into two separate sections. A 
single, thin section channel could tend to produce unwanted 
resonances in the mid-frequency portion of the audio spec- 
trum and cause acoustical amplification of “needle talk” 
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Fic. 2. Effect of silicone damping upon the response of the tone- 
arm, 


when present. The achievement of lateral balance about 
the vertical pivot was also attained through the use of two 
separate pivot points, since counter-weighting could be em- 
ployed to achieve lateral balance in conjunction with coun- 
ter-springing for stylus force adjustment, which is then 
independently variable. 

The fundamental resonance of an arm and cartridge sys- 
tem can be accurately predicted by the following formula: 


1 
V 42°mc 
m = the effective mass of the arm and cartridge assem- 
bly in grams, referred to the stylus tip. 


c =the compliance of the cartridge stylus in centi- 
meters per dyne. 


F= 


M11, T1111 


Fig. 3. Test fixture for the determination of effective mass. 


Thus, for example, an effective arm mass of approximately 
100 grams would be required to achieve a fundamental reso- 
nant frequency of 12 cycles with a cartridge whose com- 
pliance is 1.7 X 10° cm/dyne. A crude but effective 
method of determining the effective mass of the arm is 
shown in Figure 3 wherein the arm and cartridge combina- 
tion is enmeshed between the coils of a long soft spring at 
the location of the stylus point and allowed to vibrate in a 
horizontal plane about the vertical pivot when plucked. 
This period of vibration or oscillation is noted, the arm 
removed, and then gram weights placed at the same loca- 
tion until the same period of vibration is obtained. It can 
be seen from the formula above that a 4 to 1 variation in 
compliance in the cartridge will cause a 2 to 1 variation in 
fundamental frequency. Consequently, it is necessary to 
insure sufficient mass in the arm body itself so that it, in 
combination with the cartridge weight and lowest cartridge 
compliance figures commonly encountered, will fall below 
the highest frequency considered acceptable for this reso- 
nance point. 

A thorough investigation was made of damping media as 
well as methods of application of said media, while at the 
same time considering retention, if a fluid, to avoid leakage. 
Needless to say, many variations on damping application 
were considered; vanes in the fluid, flow through an orifice, 
etc., most of which were rejected due to difficulties encoun- 
tered in retaining the media while at the same time intro- 
ducing no additional unwanted mechanical friction to the 
bearings. A mandrel and sleeve type of configuration was 
finally selected and will be discussed in detail later. Rela- 
tive to the damping medium itself, the silicone family was 
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Fig. 4. Top and side profile of the new Gray 212 arm. 


again selected due to its stable temperature characteristics, 
time stability, and other physical characteristics not ex- 
hibited by other materials. 


MECHANICAL DETAILS 


Figure 4 illustrates a new arm development embodying 
the features described above, incorporating separate hori- 
zontal and vertical pivots, both of which incorporate per- 
manently retained viscous damping. This unit, known as 
the Gray Model 212, is designed for reproduction of records 
up to 12” in diameter. A companion model to accommo- 
date record diameters up to 17” will also be made available. 
Since we are concerned with a wide variety of cartridges 
and their various weights, the main counter-weight at the 
rear of the arm was necessarily made adjustable in order 
that lateral balance could be achieved with the particular 
cartridge used. The stylus force is made adjustable by 
means of adjustable tension on the forearm counter spring 
(see Figure 5). In order to prevent transmission of any 
unwanted vibration along this spring and possible “squeal- 
ing,” it is damped by means of a 14” square felt strip passed 
through its center. As a precaution against undesired chan- 
nel resonances in the main body of the arm at frequencies 
above 100 cycles, it was felt advisable to provide an effective 
bond across the channel at approximately its mid-section. 
This was accomplished through the use of a resin cement 
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Fie. 5. Detail of main arm section. 
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which secures the mounting block for the counter-spring 
adjusting screw. 

Figure 6 is a cross-sectional drawing of the vertical pivot 
providing freedom of the arm in a lateral plane. It will 
be noted that this pivot consists of an inner mandrel of 
some length supported by a point thrust and centered by 
tiny sleeve bearings at both the upper and lower ends, these 
sleeve bearings being of very small bearing face area in 
order to impose a minimum of bearing friction. The major 
portion of the length of this mandrel is separated from the 
outer sleeve by only .010”. This mandrel is essentially 
centered in a silicone fluid which fills the annular gap be- 
tween its surfaces and the inner walls of the outer tubing. 
The selection of the proper viscosity silicone fluid for damp- 
ing in this particular bearing was dictated by two impor- 
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Fic. 6. Cross section diagram of the vertical pivot. 


tant considerations. The mechanical resistance obtained 
by fluid films as employed here is proportional to the area 
of the film and approximately inversely proportional to the 
film thickness. It should be noted that, as the fluid vis- 
cosity is increased, a “spring-back” tendency of increasing 
magnitude is noted. Therefore, it is desirable to keep the 
viscosity of this fluid as low as possible, consistent with 
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Fic. 7. Detail of the horizontal pivot construction. 


practical clearances between the inner mandrel and the 
inner wall of the outer tubing. A viscosity of 200,000 
centistokes was found to be satisfactory for this pivot and, 
with the clearances established, provided the desired damp- 
ing force. 

Figure 7 is a cross-sectional view showing the construction 
of the horizontal pivot providing forearm movement in the 
vertical plane. In this case, a similar close-fitting mandrel 
was employed; but, in this location, it was necessary to 
employ anti-friction bearings of the ball type in order to 
keep mechanical friction to an absolute minimum. Since the 
surface area dictated by the limited physical dimensions at 
this point was necessarily considerably smaller than that of 
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Fig. 8. Effectiveness of silicone fluid in providing viscous damp- 
ing to the new tone-arm. 


the vertical pivot, a silicone compound was employed as 
the damping medium, this compound being of considerably 
higher viscosity than that of the fluid used in the vertical 
pivot. In selecting a compound of this viscosity, slight 
spring-back tendencies are evident, but in this case are a 
definite asset relative to optimum tracking, causing the 
forearm to literally hug the record even at low stylus forces 
when tracking slightly warped recordings. With tracking 
forces on the order of 4 to 5 grams, the damping action at 
this point is such that accidental dropping of the forearm 
onto the record will not cause damage. The incorporation 


! | 
« EE aes BS 
Bs ss WN \ 
i] 
b. ati ttt 
$ I 
femen Sc 
i _ A 
] 
| FL 
2 T 


I 
FREQ. C.P.5.—10 Ss 20 «625 «630 40 «650 660 60 100 
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of two discrete and separate pivot points and the resultant 
ability to select optimum damping conditions for each pivot 
results in better overall performance than heretofore ob- 
tained with the hemispherical damping in combination with 
a single pivot for both lateral and vertical motion. Both 
the horizontal and vertical pivot bearings, as described 
above, exhibit a high degree of sensitivity as well as pro- 
vide exceptional ruggedness and long, trouble-free perform- 
ance free from adjustments and other maintenance. 


PERFORMANCE 


In order to illustrate the effectiveness of viscous damping 
in controlling the amplitude of the fundamental resonance, 
Figure 8 shows the performance of this unit with and with- 
out damping at frequencies from 100 cycles down to 10 
cycles per second. Without damping, it is virtually impossi- 
ble to plot the peak amplitude at resonance, since tracking 
becomes so erratic that accurate readings are impossible. 
It can be seen that the institution of damping virtually 
eliminates this resonant rise and provides a smooth and 
extended low frequency response. The cartridge employed 
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Fic. 10. Performance of 212 arm with two popular quality ear- 
tridges. 


in these measurements had a lateral compliance of 1.7 « 
10-° centimeters per dyne. 

Figure 9 illustrates the performance of two commercial, 
well designed arms not incorporating damping, using the 
cartridge employed in the previous measurements, and again 
the sharp resonance can be noted at frequencies from 10 
to 20 cycles on each of these units. 

Finally, Figure 10 shows the performance of the Gray 
Model 212 arm with two popular, quality brand cartridges. 
The shift in the slight rise below 20 cycles can be attributed 
basically to variation in compliance between these units, 
each of which was of approximately the same weight. In 
making the measurements above, the Components #1109 
test record entitled “Tracking Special” was employed. This 
record, recorded in accordance with the R.I.A.A. curve, pro- 
vides an excellent measure of tone arm performance relative 
to extreme low frequency characteristics. 


In addition to the employment of the Components test 
record for measurements around the fundamental resonant 
frequency, a record was cut providing a continuous 30-cycle 
band. This record, placed on a variable speed turntable. 
which was driven by a D.C. motor, permitted scanning the 
area of resonance from both the ascending and descending 
sides of the frequency spectrum. Since the actual peak at 
resonance without damping could not accurately be meas- 
ured, it was important that the slope on each side of this 
peak be derived as accurately as possible. After thorough 
tests were made on the pre-production model of this arm, 
extensive listening tests were made with all types of pro- 
gram material. Since the maximum tracking error on this 
unit has been held to a minimum for 12” records, there is 
little difference in performance between the 12” and 16” 
models when tracking 12” records. 
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The Processes of Experimental Music” 


Viaprmir A. UssacHEvskyt 
Columbia University, New York, New York 


To produce musical compositions directly from recorded sound, novel methods of sound manipu- 
lation have been evolved by three distinct groups of composers and engineers in the United States 
and in Europe. Constant experimentation has produced a few commonly used and a few specialized 
processes such as: sound prolongation and shortening, extensive spectrum transformation through 
artificial reverberation, tape-speed variation and multi-channel filters, and intricate tape splicing. 
Problems of distortion arise from sound manipulation, and from the repeated re-recording and 
mixing of many tracks of tape. Composers and engineers have a new ground for fruitful creative 
collaboration far beyond merely sharing their knowledge of the routine aspects of each other’s art. 
Many problems must yet be solved through a long range program of research, but the growth of 
this new medium of expression seems assured, although subject to the usual dangers of cheap 


commercialization. 


INTRODUCTION 


peo PRACTICE of constructing musical (or sound) 
compositions from diversified sounds, recorded and 
stored on magnetic tape, is now firmly established. The 
subject of this paper concerns itself with the processes (that 
is, specialized techniques) used in producing music and 
sound compositions directly from these recorded sounds. 
Such compositions, frequently referred to in the past as 
experimental, are at the present time likely to be thrown 
under the general classification of Electronic Music. This 
definition may suffice once comprehensive means of electronic 
synthesis are more generally available. At the present time, 
however, it is more convenient and correct to classify experi- 
mental music according to its original three categories or 
schools: Musique Concréte in France; Electronic Music in 
Germany, Italy, Holland and Japan; and Tape-Music done 
at Columbia University.+ (Other work of this nature being 
done in the United States by several individuals falls into 
different categories, according to the process or theoretical 
basis used, such as: electronic synthesis governed by the 
constructive principles derived from cybernetics; the “or- 
ganized sound” of Edgar Varése; and music compositions 
done through the use of the giant computers at the Univer- 
sity of Illinois.) 


* Received October 25, 1957. Revised manuscript received June 25, 
1958. Delivered before the Ninth Annual Convention of the Audio 
Engineering Society, October 9, 1957. 

t Associate Professor of Music. 

+ For the purpose of this paper, the term “experimental music” is 
retained as a generic term to describe all music covered in the above 
paragraph. 


A few general remarks are in order concerning the dis- 
tinctive methods used to develop sound materials in the 
three main schools. In Electronic Music, the principal em- 
phasis is upon building up complex sounds from sinusoidal 
tones and bandwidth-limited white noise. In Musique Con- 
créte, the principal means of obtaining sound material are 
through modification of the most diversified sounds of non- 
electronic origin and of various complexity, including those 
of musical instruments. Both schools occasionally derive 
their sound material from conventional electronic instru- 
ments such as the Ondes-Martenot or the Trautonium. The 
human voice is also used. American tape-music does not 
rely exclusively on any single approach nor does it restrict 
itself to any single class of sound sources. All three schools 
follow standard recording procedures, although Electronic 
Music practically dispenses with the microphone while 
Musique Concréte, more so than Tape-Music, uses micro- 
phone placement as an initial sound modifier. The three 
schools employ similar tape cutting and splicing technique. 
Tape-loops are commonly used to allow a continuous exami- 
nation of sound in the process of modification. Other proc- 
esses common to all studios are variation of sound duration 
and timbre through tape-speed changes; reverberation; and 
spectrum modification through filters, tape-speed changes 
and reverberation. Electronic Music also makes use of 
pulse generators for gating; some devices which automati- 
cally alter signal amplitude, and ring-modulators. Special 
apparatus developed or used exclusively for experimental 
music include the Phonogéne, a three-track six-reel tape 
recorder, and a Morphophone—all part of the Musique 
Concréte School in Paris; an amplitude filter at the Milano 
Studio di Fonologia Musicale; “Klangumwandler,” a very 
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THE PROCESSES OF EXPERIMENTAL MUSIC 


specialized ring-modulator frequency transposition device 
developed by Dr. L. Heck and F. Biirck in the Siidwestfunk 
in Baden-Baden, Germany; a flexible nine-channel mixing 
panel serving the particular needs of tape-music making, 
designed and built by Mr. Peter Mauzey for the Columbia 
University Studio. Dr. Hermann Scherchen’s Experimen- 
tal Electro-Acoustical Studio in Gravesano, Switzerland, has, 
in addition to tape-recorders, oscillators, etc., such useful 
analytical tools as a combination of the Bruel & Kjaer 
Audio Frequency Spectrometer and a high-speed level re- 
corder, one-third octave filter, with 29 vertical potentiom- 
eters of 70-db attenuation for each channel, .made by Albis- 
werke in Switzerland, and a dual beam oscilloscope. These 
devices facilitate the instantaneous observation of spectrum 
modifications, and a study of the comparative amplitudes of 
several magnetic tracks. 


THE PROCESSES OF EXPERIMENTAL MUSIC 


The processes of experimental music accomplish the in- 
vention of new sounds and any desired distribution of sound 
in time with completely controllable amplitude. The record- 
ing of the original sound on tape is only the first step. To 
be sure, it shares the aim common to all kinds of recording: 
to capture as faithfully as possible the complete spectrum 
of a given sound or of a sound pattern. After that the aims 
and the processes of experimental music diverge. An ordi- 
nary recording, destined to become a commercial disc or a 
tape, is processed with every effort to make the final product 
resemble the original live performance; some enhancement 
is, at times, achieved or attempted. In experimental music, 
almost all of the processes employed are directed toward 
the modification of the originally recorded sound and toward 
combining it with other modified sounds to produce new 
timbres, and to create new rhythmic patterns. Only after 
the completion of the entire process of modification and 
organization is an experimental composition ready to enter 
the normal last stage of recording to become a commercial 
disc or a pre-recorded tape. 

The question of structural organization of sound material 
cannot be dwelt upon in this paper, but it should be realized 
that while a composer enjoys peculiar advantages in con- 
structing his compositions directly in terms of sound, he 
also faces new problems in achieving structural coherence 
with the material that is either startlingly new or strongly 
associated with the non-musical world of sound. 


A. General Procedures in Preparing and Organizing Sound 
Materials 


The final product of experimental music is the sum of 
many diverse sounds, most of them individually selected. 
The preliminary processing in all experimental music is 
directed toward modification of sound attack and decay, 
of timbre and of duration; the use of sound in its original 
form is infrequent. Most of the chosen sounds, whatever 
their origin. are altered one by one, cut and then spliced in 


203 


sequence. Occasionally, a long group of sounds produced 
on musical instruments, or spliced from diverse sources, can 
be subjected as a whole to electronic reverberation and 
various means of pitch transposition. Variously processed 
sounds and sound groups are combined into longer sequences 
which we shall call components, usually comprising now 
several separate tracks of tape. The components are care- 
fully mixed, as the final step, with constant attention to 
relative amplitudes, in order to avoid undesirable masking. 
The steps taken in these preparatory processes are now 
briefly described. 


1. The Recording of the Initial Sounds 


The recording of the initial sounds should be conducted 
so as to achieve minimum distortion and the best possible 
signal-to-noise ratio. Frequently a greater recording ampli- 
tude is used than that which normally would be required 
to offset the losses expected to occur through the subsequent 
manipulations. The use of the microphone is usually lim- 
ited to the initial recording of a sound, or of a sequence of 
sounds, through frequently a special placement of one or 
several microphones in relation to the sound source is used 
for special effects. A microphone may be used again as a 
part of an echo-chamber set-up, or for an acoustical feed- 
back. 


2. Re-recording 


Repeated re-recording is common, but must be kept to 
a minimum. This requires planning of each step in the 
sound mutation and determines the manner of distribution 
of the sounds on various tapes in the preliminary stages of 
mixing. Since the high frequencies are the first to be lost, 
it is generally advisable to give a pre-emphasis to a certain 
band of frequencies in a given sound in the early stages of 
preparing the sound material in order to compensate for 
this loss. 


3. Mixing 


The final mixing is the last stage in the composition. It 
is only here that the composer can verify whether his plan- 


ning has been accurate all along. All sound mutations 
should have been already completed before this final step, 
and there remains only close attention to relative amplitudes 
and the difficult problem of synchronization from several 
single-track machines. Synchronization can be a major 
headache if one strives for extreme precision. The use of 
synchronous motors is, of course, obligatory, and one has 
to compensate for split-second variations in the mechanical 
response of starting. 


B. Specific Processes Used in Modification of the Sound 
Materials 


1. Sound Prolongation 


There are many ways in which any sound, or any segment 
of a sound, can be prolonged. This prolongation can be 
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achieved with or without continuous timbre and/or pitch 
change. The methods of prolongation include the following. 

a. Prolongation by Tape-Loop Techniques.—A loop may 
be made of a tape-recording of any sound. The length of 
the loop can be varied according to need or facility. Sound 
on a loop readily establishes a sensation of periodicity 
through continuous repetition of the same signal. When 
this is musically undesirable, an approximation of a steady 
state of sound can be created by meticulous splicing. Care 
must be taken to select the longest possible portion of a 
sound with only very slight variations in amplitude and 
tone quality, and by careful experimentation to find two 
spots on the tape where the identical amplitude and tonal 
quality prevail. The tape is then cut in these two spots 
and spliced with a diagonal cut. Here, paradoxically, better 
results are sometimes obtained with a short loop. Making 
a successful tape-loop with sinusoidal tones is extremely 
difficult since one must match the phases to prevent an 
audible click at the point of a splice. 

b. Prolongation by Tape-Splicing—Prolongation by 
splicing is obviously a simple technique, but successful only 
if the same conditions prevail as those just described in the 
section dealing with tape-loop techniques. 

c. Prolongation by Electronic Reverberation—The easi- 
est way of obtaining prolongation of a tone through elec- 
tronic reverberation is through the commonly-used feedback 
technique. However, two factors must be noted. Electronic 
reverberation changes the quality of the sound noticeably 
with each repetition until a point is reached at which the 
sound deteriorates and no longer resembles its original 
quality. At this point, under conditions of very precise 
adjustment, it is possible to obtain infinite reverberation, or 
infinite prolongation. 

The second factor is the ever-present rhythmic pulsation 
which may quickly grow monotonous unless skillfully con- 
cealed by overlapping reverberations of a different time in- 
terval; random or premeditated shifting of the accents on 
the sound attacks and subtle amplitude variation also help 
to overcome the monotony of periodic pulsation. One de- 
vice, which was experimentally developed in a laboratory of 
the Siidwestfunk of Baden-Baden, Germany, permitted a 
maximum interval of 2.4 sec between the original signal 
and its reverberation. The time interval was continuously 
variable to a fraction of a second. The listener’s awareness 
of the repetition lessens in proportion to the increased time 
between the repetitions. 

The purpose of electronic reverberation in experimental 
music must be distinguished from that of the commercial 
devices which are used either to provide a delayed echo for 
a uniform sound distribution in auditoriums, or which try 
to create an effect of natural reverberation to enliven the 
sound. A very successful controllable reverberation device 
of the above described type is one made by Philips in Hol- 
land. In the Musique Concréte Studio in France an experi- 
mental model of an apparatus called the Morphophone with 
ten reverberation heads produced some excellent results. 
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The general principle is that of a rotating metal wheel, with 
a tape-loop extending around the entire circumference, and 
from four to ten heads distributed around the wheel either 
in a fixed or movable position. The Morphophone also has 
an individually controllable filter for each head. Thus, not 
only the prolongation, but a subtle variation of a reverbera- 
tion curve is possible. 

d. Prolongation by Changes of Tape-Speed—The slow- 
ing down of tape through variation of the capstan speed, or 
by use of capstans of different diameters will effectively 
lengthen the sound to as much as four or five times its 
original duration. However, the corresponding changes in 
the timbre and pitch are often more significant from a 
musical point of view, and the useiulness of such sound is 
more often determined on the basis of these last two con- 
siderations (see Timbre Variation). 

e. Prolongation with the Tempo Regulator of A. Springer. 
—Prolongation is possible with the Tempo Regulator, a 
commercially available device, developed by A. Springer of 
Frankfurt, Germany. (This device is similar to the time- 
compressor and expander experimental unit developed by 
Professor Fairbanks at the University of Illinois.) Tape 
passes by four magnetic heads built into a rotating fibre 
disk. A small fraction of the sound is picked up from the 
signal by each head just before the signal comes to the 
adjacent head. This small fraction is added on to a normal 
length of the same signal. The pitch is not changed. It 
is maintained by keeping the relative speed between the 
tape and the rotating heads at a proper ratio. The success 
of such prolongation depends somewhat on the nature of the 
sound.§ 


2. Sound Shortening 


a. Shortening by Tape-Speed Variation (i.e., Shortening 
by Tape-Speed Increase).—The conditions of pitch and 
timbre change again play a role which overshadows the 
effect of shortening the sound (see Section 1,d). A process 
of obtaining sound shortening is simply to increase the 
speed of the capstan. An increase in amplitude, and a 
sharp penetrating quality often accompany the shortened 
sound. Some imperfections and even minute distortions, 
which may be noted in the original recording, tend to be- 
come less noticeable. 

b. Shortening with the Tempo Regulator of A. Springer. 
—This method is currently successful with speech and many 
types of music. Using a reverse method from that described 
in Section 1.e., mainly by eliminating minute portions of a 
given sound sequence, this apparatus accomplishes the seem- 
ingly impossible feat of speeding up a succession of sounds 
without a change in pitch. In the preparation of sound ma- 
terials this is most convenient. The same limit of + 30 per 


§ The manufacturer’s U. S. branch, Telenorm Corporation, claims 
+ 30 per cent as the practical limit. The current model is designed 
for a tape speed of 15 ips and a 60-cps current. 
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cent is claimed, but can probably be successfully exceeded 
for some types of sound material. 

c. Shortening by Cutting the Tape.—In a sound of a con- 
tinuous spectrum one is able sometimes to cut out a portion 
of a sound without introducing a noticeable change in timbre 
or amplitude at the splice. This, however, is not easy. On 
the other hand, cutting out isolated portions of sound to 
be used as building blocks of sound patterns is very com- 
mon. 


3. Artificial Echo Devices 


In experimental music the addition of reverberation is 
never regarded as a cure-all. Nor is it used as a last resort 
to liven the sound. However, even in the commercial world 
the use of reverberation is connected with the idea of sound 
variety. The advertising principle seems to be: repeat it, 
reverberate it, and your point is won by the additional au- 
thority of the discrete, reverberated hangover. Experimen- 
tal music is interested in the coloration which reverberation 
gives to sound, and in Electronic Music the much-spoken- 
about pure frequencies are seldom left without carefully 
graduated coloring by artificial reverberation. The main 
point is that here reverberation is most frequently applied 
to the preparation of individual sounds and sound pattern, 
and not to the overall composition. 

a. Reverberation with an EMT-140 Reverberation Unit. 
—This unit, exhibited at the last session of the Audio Engi- 
neering Society Convention, and available through Elec- 


tronic Applications, Inc., was originally developed by Dr. 
Wilhelm Kuhl in Rundfunktechnisches Institut in Niirem- 


berg, Germany. It is manufactured by Wilhelm Franz in 
Lahr, Germany. This unit contains the entire reverberation 
mechanism within what appears to be a large flat box. By 
manipulating a control it is possible to extend reverberation 
time gradually from half a second to five seconds. My brief 
experimentation with this apparatus showed it to be highly 
satisfactory. Composers of experimental music would be 
particularly interested in the possibility of using the con- 
trollable reverberation time as a structural factor, i.e., as 
already mentioned: reverberating various sound patterns 
with a different reverberation time and composing the final 
mixture with careful attention to the psychological effect of 
these various reverberation lengths. 

b. Echo Chambers.—Here one only needs to say that 
creative use of an echo-chamber effect is only possible if 
the position of a microphone in relation to the speaker 
inside the echo chamber is carefully considered and is con- 
tinuously variable at will. Special uses can be foreseen of 
such facilities as are available in Dr. Hermann Scherchen’s 
Experimental Studio at Gravesano. This studio has one 
double-room echo-chamber, and two specially shaped echo- 
chambers, each particularly favorable to a given frequency 
range. Carefully considered use of such rooms can produce 
a controlled echo distribution that would be quite distinct 
from the usual general echo-room effect. The entire ques- 
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tion of individual echo-coloration of certain frequency bands 
of a complex musical signal prior to the final mixing of 
several such bands with a final composition is an area wide 
open for creative investigation which could well produce 
results beneficial to the art of recording in general. 

c. Combination of Loop and Artificial Reverberation 
Techniques.—This area has not yet been greatly explored. 
It concerns itself with feeding a constant source of sound, 
such as a loop provides, into an echo-room, or into the 
reverberation devices just described. The effect of a con- 
tinuously superimposed echo on the original tone very 
markedly changes the character of such a tone. The com- 
plex pattern of echo-room reverberation induces an effect 
of random pulsation of a relatively long time interval. 
However, at times the resulting complex spectrum ap- 
proaches noise characteristics which may be found to mask 
the original timbre unfavorably. Variation of tape-speed in 
a similar situation produces some interesting frequency 
“smear effects” of limited useability. 


4. Timbre Variation 


Timbre, the color of sound, is an element almost invari- 
ably changed by the majority of processes used in experi- 
mental music. It must be noted again that the essential 
differences in the methods of obtaining a desired timbre 
characterize the initial processes of Electronic Music, 
Musique Concréte and Tape Music. Therefore, this is a 
brief summary of the practices and attitudes of various 
schools regarding methods of timbre evolution, needed be- 
fore we go into the details of techniques used. 


Electronic Music builds up complex timbres from sinu- 
soidal tones and noise by extensive coloration with echo- 
chamber reverberation, ring-modulators, etc. Musique Con- 
créte and Tape Music frequently start with complex timbres 
and apply various methods of reduction of the original 
frequency content by means of filters, prior to extensive 
frequency transposition by speed variation (which in turn 
produces an apparent timbre change). From these devel- 
oped sound elements, complex patterns and timbres are 
built, using superimposition and amplitude control tech- 
niques common to all schools. The Musique Concréte 
Studio in Paris has a large library of these sounds in the 
preliminary stages of development; they are called objet 
sonore. A somewhat smaller but comparable library exists 
at the Columbia University studio. The problems of sound 
classification are formidable. 

The principal means of timbre variations are now de- 
scribed. 

a. The Use of Filters —There is no end to the number of 
filters composers of experimental music would like to have. 
The equalizers and band-pass filters common to recording 
studios are only a bare beginning. The minimum equip- 
ment should consist of variable band-pass filters of the 
Krohn-Hite type and a third-octave single-channel filter; 


while a desirable maximum would be a sixth-octave~S6—__ 
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channel filter with individual 80-db attenuation. Why such 
variety of filters? Because musical design of fascinating 
variety may be obtained from a flexible filter system. Tim- 
bre changes have a subtle psychological effect; every good 
composer knows and uses this fact. A comprehensive group 
of individually-controlled filters permits the gradual shaping 
of a spectrum into precisely the one desired. One must, 
however, regretfully admit that it is not a fast process since 
a set of filter settings successful for one complex timbre may 
not work for another. The work with filters, however, per- 
mits removal or suppression of many unwanted frequency 
bands from a given signal, and a multi-channel filter can 
truly reconstruct a timbre by the control which it allows 
over the amplitudes of the individual frequency bands. 

A succession of narrow bands of a given complex tone can 
be used to construct timbre-scales, and timbre melodies, 
which have a quality distinct from the scales obtained by 
speed transposition of a single complex timbre, or from the 
scales obtained on keyboard instruments. The distortion 
problems in connection with the use of filters will be taken 
up later. 

b. Effect of Tape-Speed Variation on Timbre.—lIt has 
been already mentioned that to the ear the effect which the 
tape-speed variation has on the duration of sound is accom- 
panied not only by a change of pitch but of timbre as well. 
The noticeable degree of timbre change in general is pre- 
portional to the degree of speed change, but the complexity 
of the original timbre and the relation between the hav- 
monics and the fundamental has a great deal to do with 
how great is the effect of the change. The principle of the 
Fletcher-Munson loudness curves, of course, has a great 
deal to do with these apparent changes in timbre, especially 
where the transpositions put the signal into the extremes 
of the low or the high range. An echo-like extension of the 
timbre is a very noticeable effect, especially in the case of 
short sounds with strong, percussive attacks. The exten- 
sion of a sound by means of slowing down is akin to the 
visual effect of augmentation through a microscope. Many 
details become apparent and stand out separately, thus 
breaking up the timbre homogeneity of a shorter sound. 
This change in sound produces a markedly different psycho- 
logical reaction, and it is no wonder that this process is one 
of the most popular ones with the experimental composers. 

c. Timbre Modification Through Frequency Displace- 
ment.—This very interesting process is made possible by 
the use of an apparatus called “Klangumwandler” developed 
by Dr. L. Heck, Chief of Production of the Siidwestfunk in 
Baden-Baden, Germany. The apparatus makes it possible 
to shift all frequencies in a given tone by any number of 
cycles between the practical limit of 40 cps and 3000 cps 
(though this is not the absolute limit). The frequencies 
may be shifted either through the addition of a given num- 
ber of cycles in the form of a sinusoidal tone, or through the 
subtraction of a given number of cycles. If the number of 
the cycles being subtracted is greater than, say, the funda- 
mental frequency and the first harmonic, these will go down 


VLADIMIR A. USSACHEVSKY 


to zero, and then “bounce” back by the remaining number 
of cycles, thus producing complete rearrangement in the 
original vertical sequence of harmonics and of the funda- 
mental. The effect of such frequency rearrangement is very 
pronounced in relation to the pitch and the timbre. 


5. Problems of Distortion 


From the engineer’s point of view all transformation of 
recorded sound as part of the sound processing may be 
classified as distortion. A composer’s concept of these dis- 
tortions is, however, different. A classification into three 
categories may be suggested: wanted distortions, unwanted 
distortions, and unavoidable distortions. The first category 
broadly covers the results of the sound mutations under- 
taken to produce the desired sound material. Within this 
category may be found some unwanted by-products; for 
example, upward transposition of a recorded signal fre- 
quently makes audible what was subsonic noise or low am- 
plitude hum. Downward transposition, especially more than 
one octave, increases the apparent amount of tape hiss. 
Even the bias frequency sometimes becomes audible, as the 
bias oscillation of several tape recorders produces a beat 
frequency. (The solution here is, of course, a master oscil- 
lator.) The use of filters may make some of the unwanted 
distortions less apparent; on the other hand, it can also 
bring out previously unnoticed distortions by suppressing 
those prominent frequency bands which masked the dis- 
tortions now heard in the remaining frequency band. 


Unavoidable distortion is the progressive deterioration of 
the signal-to-noise ratio which accompanies speed trans- 
positions and multiple re-recordings. A composer, of course. 
also runs the usual hazard of distortions in the reproducing 
system. This looms as an important point since it is the 
only way his composition can be heard. Often the extreme 
ranges, amplitudes and close “bunching” of electronic 
sounds of sinusoidal origin create real problems in repro- 
duction that cannot be easily overcome. In such instances 
distortion may dictate elimination of some sound material 
evolved by the composer and hence exercises a determining 
role in the creative process. 


6. Planning of the Processes in Relation to the Foreseeable Distortions 


No matter how carefully one calculates in advance, the 
effects of masking of some frequencies by others cannot 
always be predicted, and not all the consequences that bring 
into operation the principles of the Fletcher-Munson loud- 
ness curve can be foreseen. Yet, as much as possible must 
be foreseen, and a proper calculation must be made for each 
step of the operation in order to avoid a time-consuming 
restaging of the entire set-up for improving, for example, 
a signal-to-noise ratio, or eliminating a distortion which re- 
fuses to be masked. It is obvious that a problem here is 
more severe than that faced in the recording and the sub- 
sequent processing of live music. It is also more severe in 
the case of serious experimental music than in the case of 
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popular music, which is increasingly making use of the 
tape-manipulation and trick microphone techniques. The 
nature of popular music permits the use of longer passages 
of identical timbre; long, repetitive rhythmic patterns are 
used for accompaniment. In contrast, much of the ad- 
vanced experimental music in Europe and the United States 
strives toward a maximum variety in treatment of sound 
material, and this automatically makes for more work, more 
calculation and more experimentation. 


It is also possible to become concerned with distortions 
too early in the processes of making a composition. For 
example, let us say that we contemplate a downward trans- 
position of a tone whose fundamental frequency is 500 
cycles, and in which a 120-cycle hum is also detectable, but 
is not too prominent. A downward transposition by two 
octaves or more will make this hum hardly audible. The 
same is true if we plan to mix this same 500-cycle tone with 
another complex tone of equal or greater amplitude, whose 
fundamental frequency is between 50 and 120 cycles. The 
likelihood of the 120-cycle hum being masked is very good 
here. Or let us take this same possibility of a complex tone 
with a 500-cycle fundamental about to be transposed down 
one or more octaves and assume that there is a good deal 
of tape-hiss which we would like to suppress. The decision 
here must be when to suppress it: before or after trans- 
position. The probable answer is that since the hiss fre- 
quently becomes much more audible as a result of the down- 
ward transposition, much of the brilliance is lost in such 
transposition, and since the re-recording is apt to add some 
hiss anyway, we should insert the appropriate filter between 
the playback machine running at an appropriate fraction of 
its normal speed and the recording machine, running at the 
normal recording speed. 

To summarize: since the sounds that go into the making 
of tape music may undergo repeated re-recordings, the 
“cleaning-up,” equalization, filtering, etc., must become a 
part of the general plan of the composition, and the un- 
wanted distortion of the sounds which may be distributed 
on anywhere from two to seven tracks must be counter- 
acted either by the appropriate masking, or by a convincing 
or an unobtrusive incorporation of such a distortion into the 
sound texture. To a recording engineer, it is also perfectly 
obvious that in addition to the results of nonlinear distor- 
tion, the listener may also be made uncomfortable by sudden 
awareness of abrupt changes in level and in the pitch of 
tape-hiss, or by a change in the acoustical conditions of the 
recording set-up. The same annoyances plague experimen- 
tal music, though the frequent strangeness of the sounds 
used is likely to distract the listener’s attention from the 
distortions. 


CONCLUSION 


This discussion of technical aspects of sound manipulation 
must end with a glance to the future, and considerations of 


what is needed. An increasing number of composers are 
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willing to take the time to absorb the electro-acoustical data 
and the practices of the recording art, and to use this in- 
formation as a release for their imagination. It is my guess 
that the circumstance of friendly collaboration between a 
recording engineer and a living composer would normally 
result in highly satisfactory results from the composer’s 
point of view. But I would also guess that the future calls 
not only for a closer collaboration but also for greater 
knowledge by each man of the professional area of the other. 

Experimental music provides the grounds on which musi- 
cians, acousticians, and audio-engineers may meet in an 
atmosphere of inquiry and together enrich music as an art 
with information about music as a science. 

The future holds much promise, but it also calls for a 
concerted effort to establish a long range program to pull 
together the immense amount of information about sound 
in its electro-acoustical framework. One line of investiga- 
tion is to break through that mysterious barrier that arises 
in the first split-second of a sound’s life, known as the at- 
tack with its attack transients; without this information, 
no true synthesis of existing sounds is possible. We need 
to have assembled in one place detailed analytical informa- 
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tion about the nature of sound. We need to know just how 
far mathematical organization of sound may be entrusted 
with the organization of the enormous number of variables 
in the area of audible sound—of which only a partial 
glimpse has been gained thus far. We need to have new 
machines invented. And we need psychological studies of 
audience reactions to unfamiliar sound compositions. 

The danger threatening this new manner of creative ex- 
pression is the same that has always faced an art form but 
which, in its great manifestations, art has always overcome: 
this is the menace of the dull, the unimaginative, and the 


pedantic repetition of the same formulas. 
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Many sounds of the future are already serving the com- 
mercial needs of the present, thereby exposing themselves to 
the relentless law of supply and demand that mortgages the 
artistic expression in favor of a flashy model that will be old 
a year from now. The newness of the sound alone shall 
not guarantee its longevity; only the new forms and the 
new usages and a successful penetration into the deeper 
strata of human curiosity and emotions will assure a con- 
tinuous evolution of this new expression into an enduring 
art form. 


(Continued from Page 196) 


protected from those influences which might impair the 
calibration. For magnetic tape these include: (a) wide 
variations in temperature or humidity, (b) stray magnetic 
fields, including magnetized heads and tape guides, and (c) 
actual physical distortion of the material. 

Returning for a moment to Fig. 2, we see immediately 
the contrast between the two approaches discussed: the 
laboratory technique requiring all the equipment shown plus 
a Standard Tape and the simplified method which calls for 
only one oscillator and one vacuum tube voltmeter (as 
shown in heavy outline), with a Standard Tape. 

The procedure for recorder alignment consists essentially 
oi following the program on the Standard Tape and adjust- 
ing, in this order, the playback azimuth, the playback 
equalization, and the playback level. With these adjust- 
ments established, the oscillator is then used as a tone 
source while recording to set, first, the optimum record 
bias for the intended tape (and it should be remembered 
that bias requirements for various brands of tape can vary 
widely). Then, in sequence, are adjusted the record azi- 
muth (which is made to coincide with the previously aligned 
playback azimuth), the record equalization, (for flat overall 
frequency response) and last, the noise balance control, to 
assure symmetry of oscillator waveform. This may be read 
on the vacuum tube voltmeter connected to the playback 
output as a null point in the low frequency noise. This 
completes the recorder alignment and insures the inter- 


changeability of any tape it records, with other machines 
aligned to the same reference standards. 


CONCLUSION 


As the use of professional magnetic recording in widely 
diverse applications grows steadily, attesting to its effective- 
ness, the significance of quick, accurate performance meas- 
urement is likewise emphasized. With the simple techniques 
and professional audio tools now available, the problem of 
equipment maintenance has been simplified considerably, 
and the continued superior performance of today’s high 
quality magnetic recorders may thus be assured. No matter 
what techniques are employed, there is but one reference 
from which to measure—the Standard Alignment Tape. 
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Theatrical reverb for your pup records or spot announcements, natural sound for your 
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21 TEST AND TECHNICAL PURPOSE RECORDS, 
INCLUDING 3 FOR STEREO RECORD REPRODUC- 
ING EQUIPMENT: STANDARD FREQUENCY TAPE 


Here’s the answer to your every testing need, from automatic record changer tests to turntable tests, from 
pick-up and amplifier frequency response checks to acoustical measurements — every audio test your equipment 
demands! Low in cost, yet made to the most exacting standards, these aids turn your workshop into a complete 
testing laboratory! A description of each Test/Technical Purpose Record and the Standard Frequency Tape, 
along with a price list, is yours for the asking. Simply write or call: 


RCA VICTOR CUSTOM RECORD DEPARTMENT 


"7 55 East 24th St., New York 10,N. Y. + Attention: Custom Record Sales Orders and Service Section, MU 9-7200 
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This recorder takes on all assignments 


This recorder is an Ampex Multi-Channel. And with it you can handle every audio recording assignment that 
comes your way. 


With this one machine, for example, you can completely control mixing and color of monaural recordings —and 
do this after studio hours. Maintain selective control over echo, equalization and special effects. You can also 
break into the booming stereo market. Open your doors to a new and wide variety of assignments such as 
industrial trade shows, sales meetings, and special events in your area. 


Write for the complete story on how you can make your business more flexible, open doors to new OR, 
sources of income —told in our fully illustrated brochure on Multi-Channel Recording. Covers 
everything from techniques and applications to equipment specifications. Write for your copy. 


AMPEX 


8s2 CHARTER STREET, REOWOOD city, CALIFORNIA CORPORATION 


D 0 


NEW YORK, CHICAGO, LOS ANGELES, DALLAS, WASHINGTON D.C., DETROIT, SAN FRANCISCO 
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TESTED: for performance 


TEST RESULTS 


by Audio Instrument Company, Inc., an independent laboratory. 


resucts: Garrard Model 301 tested even better than most professional 
disc recording turntables...sets a new standard for transcription machines! 


g Read Mr. LeBel’s report below g 


Gentlemen: 

We have tested the three 
Garrard Model 301 Turntables 
which the undersigned selected at random from sealed unopened 
cartons in your warehouse stock. These three bore the following 
serial numbers: 867, 937, 3019. We used a standard Model WB-301 
mounting base without modification, a Leak tone arm fitted with 
their LP cartridge, and a complete Leak preamplifier and power 
amplifier, model TL/10. 

Pickup and amplifier system conformed in response to the 
RIAA-new AES-new NARTB curve within + 1 db. 

Standards referred to below are sections of the latest edition, 
National Association of Radio & Television Broadcasters Recording 
and Reproducing Standards. Our conclusions are as follows: 


3 Stock machines 


selected at random! 


; ; Measurements were made in 

sence Seok Ge accordance with NARTB spe- 

cification 1.05.01, using a stro- 

boscope disc. In every case, speed could be adjusted to be in 

compliance with section 1.05, i.e. within 0.3%. In fact, it could 
easily be adjusted to be exactly correct. 


WOW less than Measurements were made at 
NARTB specifications! 33% rpm in accordance with 
e m NARTB specification 1.11, 


which calls for not over 0.20% deviation. These values substantially 
agreed with those given on Garrard’s individual test sheets which 
are included with each motor. 


Garrard Serial No. % 
867 17 

937 .13 

3019 12 


Rumble less than Measurements were made in 


most professional accordance with sections 1.12 

P 1 and 1.12.01, using a 10 to 250 

recording turntables! ann band gues Gos. ea 6 WO 

meter for indication. Attenuation was the specified 12 db per 

octave above 500 cps and 6 db per octave below 10 cps. Speed 
was 33% rpm. 


nae 
Now there’s a Garrard 
a= for every high-fidelity system 


[a 


wa" “Ga 0 - 


Write for free illustrated Literature. Dept. GG-478, Garrard Sales Corp., Port Washington, N. Y. 


Signal to Rumble Ratio Using 
Reference Velocity of 7 cm/sec 
at 500 cps 

This reference velocity cor- 
responds to the NARTB value 
of 1.4 cm/sec at 100 cps. 


Rumble: checked by. 
official NARTB standard 
method 


(—35 db. min.) 
—52 db.! 


Garrard Serial No. DB 
867 52 

937 49 

3019 49 


The results shown are all better than the 35 db broadcast repro- 
ducing turntable minimum set by NARTB section 1.12. In fact they 
are better than most professional disc recording turntables. 


al to Rumble Ratio Using 
Reerence Velocity of 20 cm/sec ne eon oy 
at 500 cps 


—61 db.! 


methods 


Garrard Serial No. 
867 

937 

3019 


We include this second table 
to facilitate comparison because 


Rumble: a by 
some turntable manufacturers 
have used their own non-stand- 


Manuf 
34.1 db.! 
ard reference velocity of 20 


methods 
cm/sec, at an unstated frequency. If this 20 cm/sec were taken at 
100 cps instead, we would add an additional 23.1 db to the figures 
just above. This would then show serial number 867 to be 84.1 db. 


It will be seen from the above ‘ 
that no rumble figures are (MAME Mbeehee I oS 
meaningful unless related to the [Mite uAgse Agabbd sam UL 
reference velocity and the ref- [AAMAS ERS) evaluate 
erence frequency. Furthermore, [MReADAMAbMDeME Da Ue ae) claim. 
as stated in NARTB specifica- 
tion 1.12.01, results depend on the equalizer and pickup character- 
istics, as well as on the turntable itself. Thus, it is further necessary 
to indicate, as we have done, the components used in making the 
test. For example, a preamplifier with extremely poor low frequency 
response would appear to wipe out all rumble and lead to the erro- 
neous conclusion that the turntable is better than it actually is. 
One other factor to consider is the method by which the turntable 
is mounted when the test is made. That is why our tests were made 
on an ordinary mounting base available to the consumer. 


mT. Cob 


AUDIO INSTRUMENT COMPANY, INC. C. J. LeBel 
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‘GRAVESANER BLATTER/GRAVESANO REVIEW 


- (English/German Edition) Edited by Hermann Scherchen 


‘ dedicated to the contribution toward the more perfect reproduction of eneic through the yi 
science of acoustics and musical instruments. The GRAVESANO REVIEW is edited by — 
4 Professor Hermann Scherchen, noted European conductor and musicologist. It begins — 
; its third year with Volume IX, reporting the meetings of the Acoustical Experimental — : 
: Studio in Gravesano, Switzerland. Issued quarterly, subscription is now available in the © 

_ United States by special arrangement with Radio Magazines, Inc., publishers of Audio. — a 


_ You may bein your subseription wih Volume IX ofthe GRAVESANO REVIEW 


»U nesco) 


. Modulor™ 


% | Hermann Scherchen 


‘ford 
7: Somerville and R. Gilfor 
Jamis Xenakis 


- “a 
othar © esis 


phaharmers / 


panying Eugen skudrzyk 


"Fritz, Winckel a RADIO 
1 casi ren Enel ; MAGAZINES, 
The rience . th a new bi + + 7 Robert W. INC., SUBSCRIP- 
eget acsroments * oe. Hermann Scherchen TION DEPT. J 
eo” ee P.O. BOX 629, 
udio | : MINEOLA, N. Y. 


Please enter my subscrip- 
tion to GRAVESANO 


REVIEW I enclose the 
full remittance of $6.00. 


<5 at ae Name 
Exclusive United States Subscription Agency Address 
RADIO MAGAZINES, INC. eS City Zone —— State 
MINEOLA,N.Y. 22 
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and the music begins 


|___ Styled by Raymond Spilman 


es at the beginnings of a stereo program ... the principle in- 
gredient is quality ...and, the finest quality is only possible 
with the incomparable STANTON Stereo-FLUXVALVE Pickup. 


For the music-minded—The STANTON Model 196 UNIPOISE Arm with integrated Stereo- 


FLUXVALVE Pickup ploys a pr , single, friction-free bearing which adds gentieness 
to quality. Hermetically sealed in lifetime polystyrene, the Model 196 performs in a way no 
other pickup can equal. Here for the first time is a pickup with all! of the pli e, freq 


response and distortion-free performance for the highest quality music reproduction... and, it 
is fully compatible for both monophonic and stereophonic microgroove records. 


For the technically- minded — Hermetically sealed, it is impervious to all el ts. Excl 


replaceable "“T-GUARD” Stylus bly contains all ving elements and a high quality .7 mil 
di d with pr 


polish and tour. resp is flat within 2 db over the 


entire stereo recording range. Two bal. d outputs for cti to low mag inputs of all 
. no need for transformer or gain-stage device. Finger tip stylus pressure adjust- 


preamplifiers . 

ment from 1 to 6 grams (recommended pressure is from 1-4 grams). Exclusive built-in magnetic 
discriminator uses 4 coil push-pull design—rejiects hum and provides better than 20db of inter- 
channei separation. Entire assembly weighs only a fraction of conventional tone arms. Simple 


Uni-mount installation employs a single thumbscrew and bolt. Prefabricated signal wires. 
requires no soldering for normal installations. 


Model 196 STANTON UNIPOISE Arm with integrated Stereo-FLUXVALVE 
kee) Ih Sg we te Se ua ak te ee oe $59.85 


The STANTON Model 371 
Stereo- FLUXVALVE Cartridge 


Identical to the Stereo-FLUXVALVE built into the 
Model 196 UNIPOISE, the Model 371 is of true 
miniature design and can be installed into all 
tone arms with standard 2” mounting centers. 
Four terminal design provides complete versa- 
tility as it can be strapped for 3 and 4 wire 
stereo systems as well as vertical and lateral 
monophonic transcriptions. Idea! for converting 
to stereo, or for new installations. Fully com- 
patible, on monophonic records the Stereo- 
FLUXVALVE will outperform all other cartridges 
except the original FLUXVALVE...0n stereo 
records it is peerless! 


Model 371 STANTON Stereo- 
FLUXVALVE Cartridge $29.86 


for those who can\ hear| the WifPreNnCe ” rma quauiry men rweury prooucrs By 


PICKERING & COMPANY, INC., 


Plainview, N. Y. 


Have you read “It Takes Two To Stereo” by Walter O. Stanton? Revised edition now ready. Address Dept. Z-78 for your Free copy. 
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Be sure to mention the JouRNAL in replying to our advertisers. 


LANG ELECTRONICS is pleased 
to make available to professional 
users a service whereby they can 
economically extend the useful life 
of recording and playback tape 
recorder head assemblies. 

Our pampered and happy clients 
include: Decca Records, American 
Broadcasting Company, NBC, Mu- 
tual Broadcasting, Vanguard Rec- 


Price 


Schedule 


HEAD HUNTERS! 


ords, Coastal Recording, Capitol 
Records, Olmsted Sound Studios, 
Reeves-Soundcraft, Elektra Records, 
Dubbings, Livingston Audio Prod- 
ucts, U. S. Information Agency and 
many others. 

All heads are subject to our in- 
spection to determine desirability 
of reconditioning. Heads recondi- 
tioned by us can be expected to 


AM PE X stereo head assembly. 
AM PE XX half-track head assembly . 
AMPEX full-track assembly 


LANG ELECTRONICS 


507 Fifth Avenue, New York City 


have a useful life equal to or 
greater than that prior to recondi- 
tioning. 

We guarantee that all heads ac- 
cepted by us for reconditioning, 
when tested, will equal or exceed 
standard specifications with respect 
to frequency response and level for 
the particular make and model. 


. + $95.00 
90.00 
- 70.00 


MUrray Hill 2-7147 


slo 


fine sound 
begins! 


4 


flat, silky 
Avon 


Symphony 


Ma, 
hig 


sponse to 20,000 c/s. 


dealer. 


Complete data and‘ price lists 
for qualified respondents 


ERCONA 


(electronics div.) dept. B-1 
\16 West 46th St., New York 36 


Fine sound reproduction begins with 
a good microphone. Reslo micro- 
phones bring out the best in your 
recorder with unsurpassed quality 
for clean, silky, uncolored, flat re- 


Quality recording, broadcast or P.A. 
uses require a Reslo Mark lil. Blast- 
proof, fully shock mounted, triple 
shielded for outdoor use, they can 
be boom mounted without adaptors. 
Exclusive ribbon permits near auto- 
matic self-service replacement. 

Reslo microphones are used by lead- 
ing broadcast and recording firms. 


Try one at our expense... see your 


@ s 
Finest 4 


Maintenance. 


time. 


$6.00 
Order 
Today! 


It contains approximately 2,600 entries that 
of published information and research on hig 
duction, from the subject's very early days —y to and including 

1957. The world literature on sound reproduction, which heoeens ro 
be mainly English and American, is here cited — with the resule that 
a specialized work of reference is now available for all who wish to 
be able to consult, quickly and easily, what has been published on every 
aspect of the subject 
from Definitions to 
Sup- 


Fished from time to 


A quick and easy way to find 
the reference you wani — exactly 
when you want it — 


HIGH FIDELITY: 
A Bibliography of Sound Reproduction 
Compiled by K. J. Spencer 


Foreword by G. A. Briggs 


This new book, imported in a oe quantity from 
available in this country only through the 


England and 
publishers of HIGH FIDELITY 


zine, is a volume whose value to everyone seriously interested in 
fidelity need not be outlined. 


resent the whole — 
quality sound 


Book Department 

HIGH FIDELITY Magazine 

Great Barrington, Mass. 

for which please send 
. copies of HIGH FIDELITY: A 


| enclose $ 


TION. 


| 
| 
| 
| BIBLIOGRAPHY OF SOUND REPRODUC- 
| 
| 
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if 
it’s 
Fairchild, 


it’s worth 


the 


difference 


FAIRCHILD 


Stereo =. 
cartridge 


The owner of a Fairchild Stereo Cartridge takes justifiable pride in its possession, for it reflects 
in tangible form a quarter century's consistent policy of building up to a high quality standard — 
cost remaining a secondary consideration. 

He is sure that the new Model 232 Stereo Cartridge is an investment in the finest record 
reproduction—both stereo and monaural. He knows that its superb performance is the natural 
result of advanced engineering—the very same engineering which produced the first Stereo 
cartridge ever demonstrated to the public (December 1957). Its phenomenal tracking ability, 
absence of distortion, and gentle treatment of records, are taken for granted by the Fairchild 
owner, although they are ee a revelation to those accustomed to ordinary cartridge perform- 
ance. Its transparent, shimmering sound quality, so faithful to the original, as well as its full 
range channel separation, are further evidence of Fairchild’s engineering leadership. 

Therefore, he is not surprised to learn that many major recording studios are using Fairchild 
cartridges to test the quality of Stereo and other high fidelity recordings. His pride of ownership, 
in short, stems from the added satisfaction which only a quality product can provide, and from 
his secure knowledge that the name Fairchild is synonymous with integrity of manufacture. 
Price of this superbly engineered cartridge . . . $49.50. 

Hear the Stereo 232 at your hi-fi dealer. Write for booklet K-1, the complete Stereo Disc Story. 
FAIRCHILD RECORDING EQUIPMENT CORP. 10-40 45th Ave., L. I. C. 1, N. Y. 
Fairchild “Sound of Quality” Components include: 
cartridges, arms, turntables, pre-amplifiers and amplifiers. 
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SUSTAINING AFFILIATES 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


ALTec LANSING CorPorATION 

Ampex Avni, INc., Ampex CorPoraTION 
Aupio 

Aupio Devices, INc. 

Avupio Matrix Corporation 

B. anv C. ‘Recorpine, INc. 

BritisH INpustries CorPoRATION 

Carrro. Recorps, INc. 

Co_umsiA Recorps, INc. 

CoMPONENTS CORPORATION 

DictaPHONE CorPorATION 

FaircHiLp Recorpinc EquipMENT CorPoRATION 
Harvey Rapio Company, INc. 

Hicu Fmeuity, AupiocraFt 

INsTITUTE OF HicH Fipetiry MANUFACTURERS, INC. 
INTERNATIONAL BustNess MACHINES CORPORATION 
James B. LANsinc Sounp, INc. 

McInTosH Lasoratory, INc. 

MEASUREMENTS CORPORATION 

Oser.ine, INc. 

PERMOFLUX CORPORATION 

Picxerinc & Company, INc. 

Reeves Sounp Srunpios, Inc. 

Reeves SoUNDcRAFT CorRPORATION 

Rex-O-Kut Company 
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